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PREFACE 


This  book  brings  to  engineers  in  easy-to-use  form  the 
important  radio  communication,  radio  broadcasting, 
television  and  radar  design  articles  that  have  appeared 
in  Electronics  during  the  past  five  years.  The  book  is 
a sequel  to  “Electronics  for  Engineers”  and  “Electronics 
Manual  for  Radio  Engineers,”  which  similarly  made 
available  in  convenient  reference  form  the  same  type  of 
material  from  earlier  issues  of  this  magazine. 

For  this  third  book,  the  new  material  was  carefully 
selected,  checked,  edited  and  condensed  to  have  maxi- 
mum reference  value.  The  resulting  252  articles  were 
then  logically  arranged  by  subject  matter  into  fifteen 
chapters,  so  that  each  chapter  constitutes  a compre- 
hensive survey  of  recent  developments.  Designers,  build- 
ers and  users  of  electronic  equipment  will  find  here 
the  equations,  charts,  nomographs,  tables  and  other 
reference  data  that  are  so  hard  to  find  in  loose  copies 
or  bound  volumes  of  the  original  magazine. 

Chapters  are  arranged  in  alphabetical  order  so  that 
oftentimes  chapter  headings  alone  serve  to  locate  the 
desired  information,  as  follows:  Amplifiers;  Antennas; 
Audio;  Cathode-Ray  Tubes;  Components,  Electronic 
Music;  Filters;  Measurements;  Microwaves;  Oscillators; 
Power  Supplies;  Propagation;  Pulses;  Receivers;  Trans- 
mission Lines;  Transmitters. 

Worthy  of  special  mention  is  the  chapter  on  Elec- 
tronic Music,  a relatively  new  branch  of  electronics 
that  is  today  increasing  rapidly  in  importance.  Ten  sig- 
nificant articles  here  give  design  data  and  circuit  details 
of  both  commercial  and  custom-built  electronic  organs 
of  various  types,  ranging  from  the  simplest  neon-diode 
Systems  to  complex  tone-wheel  arrangements  that  suc- 
cessfully simulate  cathedral  organ  performance.  In  addi- 


tion, much  of  the  material  in  the  Audio  chapter  is  directly 
applicable  to  the  design  and  construction  of  electronic 
musical  instruments. 

A specific  desired  article  can  be  located  in  four  ways 
—by  flipping  through  the  appropriate  chapter,  by  glanc- 
ing over  the  article  titles  listed  in  the  Table  of  Contents, 
by  looking  up  the  subject  of  the  article  in  the  topical 
index  at  the  back  of  the  book,  or  by  using  the  back-of- 
book  author  index  if  the  name  of  the  author  is  remem- 
bered. The  topical  cross-index  is  particularly  valuable, 
with  many  articles  having  as  many  as  ten  separate  entries 
to  insure  quick  finding  of  any  desired  item. 

With  the  significant  work  of  other  engineers  collected 
together  in  handy  cross-indexed  volumes,  hours  and 
even  days  of  searching  through  technical  literature  can 
be  saved.  By  checking  the  prior  art  in  a compendium 
of  this  type,  a problem  can  be  started  where  others  left 
off  rather  than  from  scratch.  This  reduces  the  cost  of 
laboratory  research  and  experimentation. 

The  response  of  engineers  to  the  predecessor  volumes 
proves  conclusively  that  one  article  alone,  available 
when  needed,  is  enough  to  justify  a place  for  books  of 
this  type  in  every  electronic  design  and  communication 
engineer’s  library. 

The  engineer  authors  whose  works  appear  in  this 
volume  deserve  congratulations  for  their  permanent 
contributions  to  the  art  and  industry  of  electronics. 

John  Markus  and  Vin  Zeluff 
Associate  Editors,  Electronics 

New  York,  N.  Y. 

February,  1952 
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AMPLIFIERS 


Gain-Bandwidth  Nomograph 

Equations  involved  in  design  of  single-tuned  amplifier  circuits  are  incorporated  in 
one  large  nomograph  to  speed  up  design  calculations.  Shows  overall  effect  of 
varying  the  parameters  when  seeking  the  most  economical  tube  arrangement  for 

desired  gain  and  bandwidth 

By  CHESTER  W.  YOUNG 


The  design  of  vacuum-tube 
amplifiers  involves  determ- 
ining the  maximum  gain  and/or 
bandwidth  using  the  most  eco- 
nomical tube  arrangement.  The 
most  practical  first-approxima- 
tion calculation  for  single-tuned 
circuits  such  as  cascaded  syn- 
chronously tuned  i-f  stages  was 
found  to  be  Gm/2fl:C,,  and  the 
nomograph  on  the  following 
page  was  th^erefore  based  on  this 
ratio.  The  nomograph  encom- 
passes all  of  the  interdependent 
equations  used  in  amplifier  de- 
sign, hence  shows  the  effect  of 
variations  in  each  parameter  on 
the  others. 

Practical  values  of  Gm  and  C, 
that  include  the  effect  of  the 
coupling  networks  can  be  found 
by  taking  approximately  85  per- 
cent of  the  maximum  G„  and  160 
percent  of  the  value  of  C,  given 
in  tube  manufacturer’s  data. 
This  makes  the  usable  gain-band- 
width about  53  percent  of  the 
ideal,  or  roughly  one-half.  This 
relationship  is  found  in  Table  I. 

The  nomograph  solves  the  fol- 
lowing equations: 


Q =fo/B  (1) 

A =G^XRl  (2) 

AB  = AX  B (3) 

AB  = G„/2irCt  (4) 

B = l/2irC,  Rl  (5) 

•^max  ~ 1/2^SoC6pRl  (6) 


where  Q = R ta  C — circuit 
quality,  f„  = circuit  resonant 
frequency,  B = 3-db  bandwidth, 
A = stage  gain,  G„  = tube 

transconductance,  Rl  = total 
damping  resistance,  C,  = total 
shunt  capacitance,  = maxi- 
mum usable  gain,  and  Cop  = 
total  effective  grid-plate  capaci- 
tance. 

Since  the  bandwidth  between 
two  3-db  frequencies  of  a tuned 
circuit  is  equal  to  the  3-db  fre- 
quency of  a parallel  or  series  R-C 
circuit,  the  nomograph  can  be 
used  also  for  video  types  of  cir- 
cuits. Also,  as  Eq.  5 states  that 


Table  I — Examples  of  Ideal  and 
Practical  Tube  Capacitances 


IDEAL 

Tube 

c. 

Cp 

Ct 

GJCt 

Type 

mm/ 

me 

6AC7 

11.0 

5.0 

16.0 

562 

6AK5 

4.0 

2.8 

6.8 

750 

PRACTICAL 

Tube 

Ciu 

Gout 

Ct 

Gm/Ct 

Type 

mm/ 

mm/ 

mm/ 

me 

6AC7 

17.0 

8.0 

25.0 

312 

6AK5 

6.7 

4.4 

11.1 

378 

bandwidth  is  independent  of  L, 
the  nomograph  ignores  L.  Use 
of  this  nomograph  is  best  illus- 
trated by  an  example. 

If  the  known  values  are  /„  = 
30  me,  5 = 1 me,  C,  = 16  /i/if, 
G„  = 5,000,  and  Cop  — 0.0082 
/i/if,  find  the  values  of  Q,  AB,  A, 
Rl  and 

Step  1:  Align  points  /„  = 30 
me  and  5 = 1 me,  and  read  Q 
= 30. 

Step  2:  Align  points  Ct  = 16 
/i/if  and  Gm  = 5,000,  and  read 
A5  = 50  me. 

Step  3.  Align  A5  = 50  me 
and  5 = 1 me,  and  read  A = 50. 

Step  4:  Align  A = 50  and  Gm 
= 5,000,  and  read  Rl  = 10,000. 

Step  4 (alternate) : Since  the 
loading  resistance  is  directly  re- 
lated to  bandwidth  and  shunt 
capacitance  by  means  of  Eq.  5, 
it  may  be  found  by  aligning  5 = 
1 me  and  G,  = 16  /i/if,  giving  Rl 
= 10,000  ohms  as  before. 

Step  5:  To  ascertain  whether 
A = 50  in  Step  3 is  a stable 
value  of  gain,  a criterion  of  feed- 
back through  the  tube  grid-plate 
capacitance  causing  oscillation  is 
determined.  If  the  attenuation 
from  plate  to  grid  is  set  equal  to 
the  amplification  from  grid  to 
plate  as  the  critical  value,  then 
the  desired  gain  must  be  less 
than  the  maximum  usable  gain. 
The  value  A™,*  is  approximated 
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by  dividing  Rl  by  the  reactance 
of  Cop  and  thinking  of  this  at- 
tenuation as  a negative  gain. 
This  holds  true  when  the  input 
and  output  impedance  are  the 
same,  as  in  a multistage  syn- 


chronous tuned  i-f  amplifier.  The 
reactance  of  Cap  is  determined 
by  aligning  /,  = 30  me  and  Cop 
= 0.0082  fifif  and  reading  X = 
6.5  X 10®  ohms.  Now  align  this 
value  of  X and  Rl  = 10,000  and 


read  the  maximum  usable  gain 
as  65  on  the  scale.  This 
value  is  greater  than  the  desired 
gain  of  50,  so  the  amplifier  is 
deemed  to  be  stable. 
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Cathode-Follower  Bandwidth 


Nomograph  gives  upper  frequency  limit  at  which  bandwidth  is  3 dh  down,  in 
terms  of  output  resistance  and  total  output  capacitance  of  the  circuit 


By  MELVIN  B.  KLINE 


WHILE  the  cathode  follower 
has  come  into  widespread 
use  in  recent  years  as  a major 
tool  of  the  electronic  engineer, 
and  many  of  its  characteristics 
are  well-known,  comparatively 
little  has  been  published  about 
its  frequency-handling  capabili- 


ties. A nomograph  is  given  here 
relating  bandwidth  (—3  db 
point),  output  resistance  and 
output  capacitance  for  cathode- 
follower  operation.  Very  fast 
negative  pulses  or  other  signals 
impressed  on  the  grid  may  not 
allow  the  cathode  to  follow  in 


some  instances,  due  to  the  time 
constant  of  the  cathode  circuit. 

The  frequency  at  which  the 
response  is  down  3 db  is 

""  2irCkRo 


where  fs^  is  bandwidth  in  me, 
Ro  is  output  resistance  in  ohms 
and  Cfc  is  total  output  capacitance 
in  [ijxf. 

The  nomograph  is  based  on 
this  equation.  The  value  of  is 
determined  approximately  from 


Ck  = Cuc  + Cpk  + 

c,k  (C,-  -1-  C,p) 


+ c. 


(2) 


Cpk  + Ci  + C, 

where  C**  is  heater-cathode  ca- 
pacitance, Cpk  is  plate-cathode 
capacitance,  is  grid-cathode 
capacitance,  C^p  is  grid-plate  ca- 
pacitance, Ct  is  input-circuit 
capacitance,  and  C,  is  the  sum  of 
wiring  and  other  capacitances 
connected  externally  across  the 
output  load.  In  the  case  of 
pentodes  can  usually  be 

neglected. 

The  value  of  Ro  can  be  com- 
puted from 


Ro 


Rk 

l-^GrnRk 


(3) 


where  Rk  is  the  cathode  resist- 
ance and  Gm  is  the  transconduct- 
ance of  the  tube.  The  value  of 
Ro  can  also  be  obtained  from  a 
previously  published  nomograph.^ 
This  nomograph  may  also  be 
applied  to  uncompensated  R-C 
amplifiers  by  replacing  with 
the  equivalent  output  resistance 
of  the  amplifier  plate  circuit.  For 
this  case,  the  nomograph  scales 
can  be  extended  by  multiplying 
the  Ro  scale  and  dividing  the 
scale  by  the  same  number.  The 
Ck  scale  then  becomes  the  output 
capacitance  of  the  amplifier. 


Reference 

(1)  Melvin  B.  Kline,  Cathode-Fol- 
lower Impedance  Nomograph,  Elec- 
tronics, p 130,  July  1947. 
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Cathode-Follower  Response 

Chart  gives  permissible  cathode-follower  pulse  drive  at  video  frequencies  in  terms 
of  low-frequency  sinusoidal  input.  ^Video-frequency  overloading  and  distortion  in 
conventionally  loaded  circuits  originate  in  output  time  constant 

By  RALPH  H.  BAER 


CATHODE  FOLLOWEKS  fre- 
quently overload  and  dis- 
tort on  video  signals  when  de- 
signed on  the  basis  of  low-fre- 
quency formulas.  This  behavior 
results  from  the  effect  of  the 
time  constant  associated  with 
the  output  impedance  of  the  cath- 
ode follower  and  the  load  capac- 
itance. The  usual  formula  for 


the  peak  signal  permissible  is 


which  is  readily  calculated.  In- 
spection of  Eq.  1 shows  that 
medium  values  of  /*  (15-30)  are 
desirable  for  maximum  permis- 
sible input  signal. 


When  a video  signal  with 
rise  time  t microseconds  is  ap- 
plied to  a cathode  follower  this 
permissible  grid  swing  is  reduced 
by  a factor  of 


1 


where  T is  the  time  constant. 
Whenever  T approaches  the  pulse 
rise  time  in  order  of  magnitude, 
the  reduction  in  permissible  grid 
signal  can  no  longer  be  neglected 
and  the  correction  factor  of  Eq. 
2 becomes  essential. 

The  graph  is  a solution  of 
Eq.  2;  the  following  procedure 
applies  when  a pulse  waveform 
of  rise  time  t is  to  be  handled 
without  distortion  where 

rp  _ C'r  Rk 
I + gmRu 

(a)  Determine  the  value  of 
RJR,  and  t/T.  (b)  On  the 
graph,  connect  Ru/Rp  with  [i. 
(c)  At  the  intersection  of  line 
A with  the  line  drawn  in  step 

(b) ,  read  vertically  up  or  down 
to  the  proper  t/T  curve.  The 
solution  is  then  obtained  from 
the  percent  scale  by  reading 
horizontally  to  the  left. 

As  an  example,  consider  a tube 
with  p.  = 40,  R,  — 20,000  and  a 
load  impedance  of  Rt  = 1,000 
and  Ct  = 250  fifd  in  parallel. 
From  Eq.  = 6.6  volts  for 

Eb  = 160  volts.  Suppose  a video 
signal  with  rise  time  t = 0.42 
fisec  is  handled  by  the  cathode 
follower.  Then  T = 0.0834  /isec 
and  t/T  = 5.  From  the  graph 
the  permissible  peak  signal  is 
seen  to  be  72.3  percent  of 
at  low  frequencies,  or  4 volts. 
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Graphical  Solution  for  Feedback  Amplifiers 

By  LEROY  D.  BARTER 


The  gain  of  any  amplifier  may  be 
expressed  as  the  maximum  gain 
times  a function  that  shows  the 
variation  in  the  gain. 


A = 


P(A) 


(1) 


where  is  the  maximum  gain  of 
an  amplifier,  P(A)  is  a complex 
function,  showing  both  the  change 
in  magnitude  and  phase  shift  of  the 
gain.  In  an  amplifier  with  feedback 
the  gain  will  be 


A/b  = 


A 

1 - A)3 


P(A) 


(2) 


A/b  1 

A„  ~ P(A)  - A„/3 

= P(A)  - A„^  (3) 

Now  if  P{A)  can  be  conveniently 
expressed,  the  gain  with  feedback 
can  be  solved  by  means  of  Eq.  3. 
The  remainder  of  the  paper  demon- 
strates the  method  of  finding  P(A) 
and  its  use. 


Single-Stage  Amplifier 


The  gain  of  a single-stage  am- 
plifier can  be  thought  of  as  contain- 
ing a gain  element  that  is  inde- 
pendent of  frequency,  within  the 
range  considered,  and  an  element 
that  depends  upon  frequency  for  its 
voltage  relationships.  In  Fig.  lA 
is  a single-stage  amplifier  that  may 
have  negative  feedback  or  not  de- 
pending upon  the  position  of  the 
switch.  The  gain  then  is  that  due 
to  the  tube,  and  the  consequent  re- 
duction in  gain  due  to  the  external 
circuit  shown  in  Fig.  IB.  In  the 
normal  case  the  effects  of  Cx  occur 
at  the  lower  frequencies  while  the 
effects  of  Cx'  occur  at  the  higher 
frequencies.  Hence  we  may  write 
two  equations  that  will  express  the 
variation  of  gain  due  to  frequency. 


Alf  — 


Epat 

Ein 


Ri 

Rl  + Rint  — 


FIG.  1 — Simple  amplifier  in  which  neg- 
ative feedback  may  be  introduced 


(i2i  -H 


__1 

3 

uCx{Rl  + Rint) 


) 


Therefore  Pl(A)  =1 (5a) 

ioLiIlLF 

Ph{A)  = 1 juCxRHF  (5b) 
Insertion  of  Eq.  5 into  Eq.  3 gives 

Low  frequency  — = 

A/b 

^ ~ uxCxRlf  ~ 

= (1  -A  met)  (l  - (1  - Am^)) 

(6a) 

A 

High  frequency  — = 

A/b 

1 JuCi'RhF  — Am^ 

= (6b) 

Hence  the  feedback  has  the  effect  of 
modifying  the  RC  circuits  by  the 
feedback  factor  (1  — A„3).  With 
this  new  value  of  RC  and  the  uni- 
versal gain  curves®  the  gain  of  an 
amplifier  with  one  pair  of  RC’s  in 
the  circuit  can  easily  be  deter- 
mined. 


Let  Rlf  = El  + Eint 


and  let 

El  \ 

^ El  + Eint  / 

1 

L 3 ) 

(jjCxRlF 

Ahf 

^OUt  A 

( Zi  \ 

Ein 

‘ \ Eint  Z\  ) 

= A 

( Eint  1 

where 

1 1 

~Zi  Rl 

+ j<^Ci 

/ 

1 \ 

Ahf 

■“  Eint 

^ El 

+ jwCi'Eint  + 1/ 

AtRi 

/ 1 

~ Rint  + El 

( 1 JCjC/EintEl 

^ R'lutRi 

Let] 

Rhf  = 

R'lnifRl 

Rint  + El 

FIG.  2 — Two-stoge  ompliiier  with  op- 
tional negative  feedback 


Two-Stage  Amplifier 

The  usefulness  of  Eq.  3 is  more 
readily  apparent  when  there  are 
two  pair  of  RC’s  in  the  circuit.  In 
Fig.  2 there  are  two  stages  of  am- 
plification similar  to  that  in  Fig.  1. 
The  gain  will  now  be  the  product 
of  the  gain  of  the  two  stages.  Then, 
for  two  stages 


unci  let  Am  ~~P‘  I 


coCiElfi) 

(i i — 

\ uCiRtFi 


) 


6 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


aCiRtFi  UC2RLF2' 

Pi(4)  = (1  - jSl)  (1  - jS2) 

= l-SiS2+jiSi  + S2)  (7a> 

Pa{A)  = (1  A-  JuCi'Rhft)  (1  +iwC2'^ff«) 
Let  S\  = uCi'Rhfi  and  S2  — uC2'Rhf2 
Ph(A)  = (1  +i5i)  (1  +jS2) 

= 1 - - i(5i  + Sjj]  (7b) 

Figures  3 shows  a plot  of  the  por- 


FIG.  3 — Curves  for  graphical  analysis 
of  feedback  amplifiers 


tion  of  P(A)  that  is  in  brackets. 
Each  curve  corresponds  to  a partic- 
ular ratio  of  S2/S1.  They  also  corre- 
spond to  a ratio  6f  the  RG’s  since 
o)  will  cancel  out.  For  the  frequen- 
cies above  midfrequency  Si  + .S2 
will  be  proportional  to  w.  Then  for 
the  low  frequencies  Si  -|-  S2  will  be 
proportional  to  l/oo. 

The  solution  of  Eq.  3 can  now  be 
done  graphically. 

= 1 - - [^STi-STj  ± 

j(Sx  -I-  S2)]  (8) 

Since  for  negative  feedback,  3 is 
negative,  (switch  in  position  b in 
Fig.  2),  1 — A„3  will  be  a positive 
number  and  can  be  plotted  in  Fig.  3 
as  the  (Jistance  OA.  The  quantities 
in  the  brackets  will  be  the  distance 
OB.  Then  the  value  of  P(A)  will 
be  the  vector  difference  of  OB  and 
OA  and  is  equal  to  AB.  In  order  to 
visualize  what  the  curves  say,  draw 
a circle  through  0 and  with  the 
center  at  A.  Then  the  radius  of 


this  circle  will  represent  the  mag- 
nitude of  the  gain  at  the  midfre- 
quency. Since  Eq.  3 and  conse- 
quently Eq.  8 represent  the  denomi- 
nator of  Eq.  2,  the  gain  at  the  fre- 
quency Of  B will  equal  the  distance 
AC  divided  by  AB,  or  A/A„  = 
AC/AB.  Hence  when  AB  is  less 
than  AC,  the  gain  will  be  larger 
than  that  at  midfrequency.  Now  as 
B varies  along  the  curve  the  gain 
versus  frequency  can  be  visualized. 

The  phase  shift  can  also  be  deter- 
mined. For  the  case  of  no  feedback 
the  phase  shift  from  midfrequency 
will  be  the  angle  0-1-5.  With  feed- 
back the  angle  will  be  0-A-B. 

Now  the  ratio  of  the  RC’s  can  be 
intelligently  chosen  to  produce  a 
flat  frequency  response.  If  AB  is 
less  than  AC,  there  will  be  a point 
D where  the  gain  is  again  equal  to 
the  gain  at  midfrequency.  If  we 
impose  the  condition  that  the  gain 
in  the  pass  band  should  not  vary 
more  than  ± m percent  from  the 
midfrequency  gain,  the  correct 
ratio  of  the  EC’s  can  be  chosen. 
Since  the  curves  are  a family  of 
parabolas  this  can  be  done  mathe- 
matically. 

The  gain  will  be  a maximum 
when  AB  is  a minimum.  This  mini- 
mum will  be  at  the  point  where  AB 
is  perpendicular  to  the  parabola. 
Therefore  it  is  possible  to  express 
the  minimum  AB  as  a function  of 
S2/51.  As  this  derivation  is  rather 
lengthy  and  outside  the  immediate 
interest  of  this  paper,  the  results 
only  willl)e  given. 

= 2(1  - A,n0)  .(1  - ( vr^) 

X)  — length  AC 
length  AB 

Then  the  point  where  AB  is  greater 


than  AC  by  m percent  will  be 

SxS2=  (1  - A„|8)  (Vl^Tdi) 

(i+yi+4-) 

Equation  9 gives  the  ratio  of  the 
RC’s  while  Eq.  10  gives  the  magni- 
tude of  the  RC’s  which  will  produce 
the  desired  cutoff  frequency. 

An  amplifier  was  designed,  using 
the  circuit  in  Fig.  2,  to  have  a gain 
of  approximately  10  with  a maxi- 
mum variation  of  gain  with  fre- 
quency of  5 percent.  Also  the  low- 
frequency  cutoff  was  to  be  as  near 
10  cps  as  convenient.  These  strict 
requirements  were  necessary  for  it 
was  to  be  used  in  some  measuring 
equipment  for  the  University  of 
Washington  Engineering  Experi- 
ment Station.  For  these  conditions 
the  ratio  of  the  RC’s  must  be  100. 
The  values  are  shown  in  Fig.  4. 
Gain  tests  were  run  on  this  ampli- 
fier showing  no  variation  of  gain 


FIG.  4 — ‘Two-Stage  ampliiier  circuit 
used  to  substontiate  graphicol  method 


a 10-percent  rise  at  20,000  cps. 
This  was  the  frequency  limit  of  the 
oscillator  that  was  available. 

The  effect  on  the  gain  of  any 
amplifier  with  negative  feedback 
due  to  two  RC’s  in  tandem,  or  in 
general  to  any  two  parameters,  can 
be  visualized  when  they  are  ex- 
pressed as  in  Eq.  3 and  then  plotted 
as  in  Fig.  3. 


Resistance-Coupled  Amplifier  Bandwidth 

By  B.  A.  LIPPMANN 


The  practice  of  examining  the  be-  ling  networks  by  an  approximate  obscured  the  fact  that  the  gain 
havior  of  resistive  amplifier  coup-  method  of  analysis  has  apparently  characteristic  of  this  circuit  is  ex- 
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actly  equivalent  to  a single-tuned 
circuit.  In  this  article,  the  equiva- 
lence will  be  proved. 

The  standard  uncompensated  re- 
sistive coupling  network  takes  the 
form  shown  in  Fig.  1,  where  Ci  and 
Ca  include  the  tube  and  wiring  ca- 
pacitances, Ri  is  the  resultant  of  the 
load  resistance  and  the  plate  resist- 
ance of  the  first  tube  taken  as  a 
parallel  combination,  and  Cm  is  the 
coupling  capacitor.  Ordinarily, 
Cm>  > Cl  and  Cm  >>C2.  Where  ap- 
proximate formulas  are  given,  we 
shall  understand  them  to  refer  to 
this  condition. 

The  conventional  analysis  pro- 
ceeds by  examining  the  limiting 
forms  the  circuit  takes  at  low, 
medium  and  high  frequencies.  For 
example,  at  low  frequencies  C,  and 
Ca  are  considered  negligible  and  the 
voltage  gain  G is  determined  by 
considering  the  voltage  divider 
formed  by  Cm  and  Rz  in  series.  The 
grid  voltage  on  the  second  tube  is 
R2iR2  + l/;(i>Cm]''‘  times  the  plate 
voltage  on  the  first  tube.  Using  g 
for  the  transconductance  of  the 
first  tube,  its  plate  voltage  is 

„ . „ , 1 


times  the  input  voltage.  The  gain 
G is  therefore  given  by 


G = - 


— gRi  Rz 


■Bl 


so  that  the  low-frequency  3-db 
point  is 


«i  = 2t/i  = l/(Bi  + J2,)a.. 

At  medium  frequencies,  all  three 
capacitors  are  considered  to  have 
negligible  reactances  compared 
with  Rt  and  R,  and  the  effective 
network  is  just  Ri  and  R,  in  paral- 
lel. In  this  frequency  range,  the 
gain  is  a maximum  and  has  no 
frequency  variation. 

Finally,  at  high  frequencies.  Cm 
is  considered  equivalent  to  a short 
circuit,  so  that  the  network  reduces 
to  the  parallel  combination  of  the 
other  elements.  This  network  has 
a falling  characteristic  with  the 
3-db  point  at 


<Oi  = 2ir/t  = (ffi  gz)  / (Ci  -|-  Ct) 


FIG.  1 — Resistance-coupled  circuit  and 
equivalent 


where  the  conductances  of  Rz  and  R, 
are  pi  and  p*  respectively. 

We  now  show  that  a straight- 
forward analysis  of  the  network  of 
Fig.  lA  leads  to  the  result  that  it  is 
exactly  equivalent  to  a shunt  com- 
bination of  R,  L and  C. 

Our  problem  is  to  compute  G = 
Vz/e  for  the  admittance  network  of 
Fig.  IB.  The  result  is 

G = Vz/e  = 

— jg  toCm 

f^l  + -(-  Cn^\  [gz-\-  ju{Cz-{-  Cm)]  "f"  ofCm* 

jgUfi 

«Cm 

We  observe  that  if  the  coupling 
network  were  of  the  form  shown  in 
Fig.  1C,  we  would  have 


l/R+ju,C-3/wL 

It  follows  that  both  networks  will 
have  exactly  the  same  gain  charac- 
teristic if  we  put 

/^  _ 1 "I"  ffiCi  , , 

0--8 ^ + + 

= + P2 

7-  - 

0i9i 


The  gain  characteristic  is  there- 
fore the  same  as  that  of  a single- 
tuned  circuit  resonant  at  /,  where 


-Jlc  ~ M Cm  (Cl  + Cz) 
The  Q and  bandwidth  A/  are 


Q = UaRC 


Aw  = 


gi  + g2  ^ 
gi  + g2 


gig2  (Cl  + Cz) 
Cm 


Q Cl + Cz 

To  find  the  3-db  points,  we  recall 
that  Ao)  = 0)2  — o)i  and  o)o*  = ojio)*. 
Solving  for  coa  and  o)i 

W2  = (Aw/2)  -f-  V(Aw/2)®  -j-  Wo^ 

wi  = — (Aw/2)  V (Aw/2)*  Wo* 

For  the  two  limiting  cases, 

^o)l2uo  > > 1 and  Aw/2wo  < <1,  we  get 


Aw  , Aw 

“2“ 


I = “h 


Aw 


error  — 


Aw 

4wo 


"o*  ] ^o\ 

>1;  wi  ^ }•  error  = 31  -- — I 

w j y Aw  y 


Aw 

2wa 

W2  = Aw  [ error 
SO  that  finally. 


i 


9192 


[ 


Cm  (Ci  + C2  + 


^iCz  \ 
Cm  ) 


Cl  Cz  ■\- 


+ 1 - 


{9^ 


Cm  ) 


?r  ( + ^2  + 


gig2  -f~  gzCi 


V, 


i ^^9192  (C'l 


+ Cz  + 


CiCz 


:] 


9192 


Cm  ^Ci  “t"  Gj  -}- 


Cm  ) 


^gi92  ^ Cl  -f  Cj  H — ^ 


+ 1 + 


V Cm  -1-  8^2  -F 


Cl  -f-  C2  -(- 


91C2  4~  g2Ci\  ” 

Cm J 

CiCz  \ 

Cm  yJ 


Or,  since  > > 1 in  the  cases  of 
interest  to  us. 


c = -f-  Cl  -1-  c,^  c,  -I-  c. 


9^92  1 

/|||  . — I . ' ss  • 

(gi  + 92)Cm  (R 1 “h  Rz)Cm 
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(02  — 


gl  ~1~  git 

C1  + C2 


These  results  justify  the  usual 
approximate  analysis  for  the  case 

C«>>^ 

C/2 

For  the  opposite  extreme,  Cm 
< < ^ we  get 


O = = 


1 SiCf  + (hPi 


L = 


glgi 

CiCt 


V 


V- 


glgt 

CiC» 


Aw  = 


giffiCiCt 

giCj  + g*Ci 
giCa  + gtCi  _ 


CjC* 


-L 

Cl  c. 

It  is  easily  seen  that  the  equiva- 
lent circuit  is  characterized  by  an 
inherently  low  Q.  Indeed,  since  the 
original  circuit  of  Fig.  lA  is 
aperiodic,  the  equivalent  circuit  of 
Fig,  1C  must  have  Q<i.  In  prac- 
tice, Q is  much  smaller  than  i.  For 
a 100-cps  to  10*-cps  bandwidth,  for 
example,  Q ^\/10*/10*  = 0.01. 

Since  this  analysis  shows  that  the 
circuit  is  exactly  equivalent  in  its 


gain  characteristic  to  a single- 
tuned  circuit,  it  suggests  the  feasi- 
bility of  combining  this  circuit  with 
others  in  cases  where  an  extremely 
low  Q is  required.  The  point  of 
view  taken  here  also  suggests  that 
several  of  these  circuits  might  be 
stagger-tuned  to  produce  a wide- 
band video  amplifier  without  addi- 
tional compensation.  However, 
since  Q<i,  this  circuit  could  only 
be  used  as  the  center  stage  of  an 
odd  number  of  stagger-tuned 
circuits. 


Tuning  Systems  Employing  Feedback 

Amplifiers 

By  PETER  G.  SULZER 


It  is  possible  to  alter  the  effective 
value  of  an  inductance  or  a capaci- 
tance by  means  of  a feedback  ampli- 
fier. The  method  is  applicable 
where  large  variations  are  required, 
and  is  particularly  useful  where  an 
L-C  resonant  circuit  is  to  be  tuned 
over  a wide  frequency  range. 

Consider  an  amplifier  of  voltage 
gain  A having  an  infinite  input 
impedance  and  a zero  output  im- 
pedance. An  impedance  Z is  con- 
nected between  its  input  and  output 
terminals.  With  Z,  defined  as 
shown  in  Fig.  1,  it  is  found  that 


Four  conditions  can  be  considered. 

-00  < A < 0 ZJZ  < 1 

0 < A < 1 ZJZ  > 1 

A = 1 ZJZ  — 00 

1 < A < 00  ZJZ  < — 00 

If  L.  and  C,  are  the  equivalent 
values  of  L and  C when  either  one 
is  inserted  for  Z, 

L.  = ^ 

With  the  first  condition,  L is 
effectively  decreased,  while  C is  in- 


creased (Miller  effect^).  With  the 
second,  L is  effectively  increased, 
while  C is  decreased.  The  third 
condition  is  trivial  in  this  applica- 
tion, while  the  fourth  may  produce 


Fig.  1 — Feedback  amplifier  connected 
for  impedance  multiplication  or  divi- 
sion 


instablity,  and  will  not  be  consid- 
ered here. 

It  is  worth  noting  that  the  varia- 
tions in  the  equivalent  values  of 
the  components  can  be  obtained 
without  a serious  loss  of  Q or  selec- 
tivity. This  requires  only  that  the 
output  impedance  of  the  amplifier 
be  kept  low,  and  that  its  input 
impedance  be  high. 

The  required  variation  of  ampli- 
fier gain  can  be  obtained  by  employ- 
ing an  attenuator  or  potentiometer 
or,  if  desired,  by  electronic  means. 
Thus  it  has  been  possible  to  tune  an 
L-C  circuit  over  a 30-to-l  frequency 
range  by  means  of  a potentiometer ; 


Fig.  2 — Simple  cathode-follower  tuners, 
A;  dual  cathode-follower  tuner.  B;  two- 
stage  tuners  providing  large  frequency 
ratios  with  good  stohility  C and  D 
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the  same  frequency  ratio  was  ob- 
tained by  changing  the  grid  bias 
of  one  of  the  amplifier  tubes.  Since 
a potentiometer  is  a more  stable 
circuit  element  than  a variable-/i. 
tube,  better  frequency  stability  will 
be  obtained  when  using  potentiom- 
eter tuning.  However,  electronic 
tuning  is  to  be  preferred  when 
rapid  or  remote  frequency  variation 
is  required. 

Practical  Circuits 

Many  circuits  can  be  devised  us- 
ing the  scheme  presented  here. 
Figure  2 contains  a few  that  have 
been  investigated  by  the  writer. 

The  simple  cathode-follower  cir- 
cuits of  Fig.  2A  produced  a fre- 
quency ratio  of  5 when  using  a 
parallel-connected  12AT7.  The 
equivalent  resistance  inserted  in 
series  with  the  tuned  circuit  is  ap- 
proximately 100  ohms,  which  re- 
quires that  a high  L/C  ratio  be 
employed  to  avoid  excessive  degra- 
dation of  Q.  The  dual  cathode  fol- 
lower of  Fig.  2B  provided  a fre- 
quency ratio  of  25.  The  equivalent 


Bridged-T 


In  a high-frequency  amplifier  using 
a small  unbypassed  cathode  resistor 
to  reduce  Miller  effect,  a modified 
bridged-T  network  can  be  used  for 
neutralization.  High  and  com- 
pletely stable  gain  can  be  realized 
with  this  arrangement. 

The  equivalent  circuit  (essential 
elements)  may  be  represented  as  in 
Fig.  lA.  To  complete  the  bridged 
T network  would  normally  require 
additions  as  in  Fig.  IB,  which 
shows  Ri,  Ri,  and  C added. 

Since  there  is  an  essential  90 
degree  phase  shift  across  Ci.jr’there 
need  be  no  phase  shift  across  R^ 
and  hence  C should  actually  be  a 
resistor.  Rearranging  for  actual 
use  the  circuit  is  represented  as  in 
Fig.  1C. 


resistance  is  400  ohms,  which  may 
be  undesirable  in  some  applications, 
particularly  at  radio  frequencies. 

Cathode  Follower 

These  three  circuits  do  not  em- 
ploy a large  feedback  factor  to 
stabilize  A;  hence  relatively  poor 
frequency  stability  will  be  obtained 
when  large  frequency  ratios  are 
used. 

The  completely  degenerative 
amplifier*  of  Fig.  2C  is  superior  in 
this  respect.  In  addition,  the  out- 
put impedance  may  be  less  than  1 
ohm,  while  the  voltage  gain  may  be 
as  high  as  0.999,  resulting  in  a fre- 
quency ratio  of  approximately  30. 
When  using  a pentode-triode  ampli- 
fier to  tune  an  oscillator  with  a fre- 
quency ratio  of  10,  the  frequency 
was  constant  within  1 percent  for 
plate-supply-voltage  variations  of 
±50  percent. 

The  circuit  of  Fig.  2D  differs 
from  the  previous  ones  in  that  A is 
negative.  A frequency  ratio  of  10 
was  obtained  using  a pentode  driv- 


By H.  K.  BRADFORD 


may  be  used  to  neutralize  ampliiier 
with  unbypassed  cathode 


ing  a triode.  Larger  ratios  can  be 
obtained  by  employing  more  stages, 
but  instability  becomes  a serious 
problem. 

Conclusions 

The  simple  cathode-follower  cir- 
cuits are  most  useful  for  obtaining 
wide-deviation  frequency  modula- 
tion at  radio  frequencies.  They 
should  also  be  useful  for  tuning 
radio  receivers,  although  tube  noise 
will  be  contributed  by  the  amplifier. 
The  two-stage  circuits,  which  are 
limited  to  audio  or  video-frequency 
applications  because  of  the  coupling 
networks  used  between  stages,  have 
been  employed  in  wide-range,  re- 
sistance-tuned audio  oscillators. 
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FIG.  2 — Practicol  circuit  of  ompliiier 
using  modified  bridged-T  neutralization 


For  the  potential  generated  at 
P to  be  completely  cancelled  at  G 
through  the  two  paths  shown,  the 
attenuation  must  be  identical 
through  the  two  paths  and  the 
phase  shift  must  total  180  degrees. 

The  following  relations  are 
needed  to  make  this  possible: 


Neutralization  of  Pentode 
Amplifiers 
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Rl  Rl  _ 

Ro  Rk  Ro 


Ro 


RlRk 


Ra  = 


RlXc, 


Xc 


PK 


If  there  is  any  doubt  about  the 


four  given  values  Ro  can  be  made 
variable  to  adjust  the  feedback 
magnitude  exactly.  The  phase  re- 
mains within  better  than  1 degree 
correct  due  to  the  condition  of  the 
problem  with  usual  values  and  the 
magnitude  can  be  trimmed  through 


wide  values  with  Ro. 

Two  practical  circuits  are  shown 
in  Fig.  2.  Coupling  capacitor  Co 
is  added  for  d-c  isolation  of  the 
grid.  Resistance  Ra  serves  the  dual 
function  of  grid  damping  plus  feed- 
back. 


Fixed-Tuned  Broad-Band  Television  Booster 

By  ARNOLD  NEWTON 


The  inherent  noise  generated  in 
a receiver  sets  the  ultimate  limit 
to  its  maximum  useful  sensitivity. 
The  noise  figure  gives  a measure  of 
the  noise  contributed  by  the  re- 
ceiver in  excess  of  the  noise  gener- 
ated in  the  antenna  radiation  re- 
sistance. It  is  defined  as  the  ratio 
of  the  actual  available  output  noise 
power  over  the  noise  power  avail- 
able from  a noise-free  but  otherwise 
identical  receiver.  Reducing  the 
noise  figure  and  appropriately  in- 
creasing the  gain  is  equivalent  to 
raising  the  transmitted  power  and 
hence  extending  the  transmitter 
service  area. 

The  insertion  of  a booster  is  in- 
tended to  improve  the  overall  noise 
figure  and  thus  raise  the  useful 
gain.  If  the  receiver  by  itself  has  a 
noise  figure  of  Fa  and  the  booster 
noise  figure  and  available  gain  are 
Fi  and  Gi  respectively,  the  overall 


noise  figure  is 


A noise  figure  of  approximately 
17  db  above  thermal  is  character- 
istic of  a poor  receiver.  About  6 
db  is  the  best  practical  noise  figure, 
the  ideal  being  3 db  when  the  an- 
tenna is  matched  at  the  receiver 
input.  In  order  that  the  overall 
noise  figure  shall  approach  Fi, 

Gi  » LetG  = 5^^  = 50, 

the  voltage  gain  is  then  approxi- 
mately 8.  This  gain  can  be  obtained 
over  a bandwidth  of  40  me,  the 
width  of  one  complete  band.  One 
should  therefore  be  able  to  cover  all 
the  channels  in  two  bands. 

First  R-F  Stage 

The  noise  figure  and  gain  of  the 
first  r-f  stage  are  of  primary  im- 
portance. A grounded-grid  triode 


Booster  circuit  showing  use  oi  quarter-wove  section  crossover  network 


amplifier  was  chosen  for  its  low 
noise  figure  as  expressed  by 


The  input  resistance  F,  due  to 
input  loading  of  a high-frequency 
triode  is  large  in  comparison  with 
the  antenna  resistance  R,  and  since 
usually  g.  »1,  the  expreaaon  for 
noise  figure  reduces  to  F = 1 -f 
ReJRg  where  Fe,  is  equivalent  noise 
resistance  of  the  tube. 

The  dynamic  impedance  is  (Fp  -f- 
ZL)/(fi  4-  1).  Assuming  that  /x*! 
and  Fp  » Zl  the  dynamic  input  re- 
sistance approaches  l/flr„,  where 
is  the  transconductance  of  the  tube. 
The  Fe,  of  a triode  is  approximately 
equal  to  2.5/g„  and  the  noise  figure 
becomes  F = $.5  — 5.5  db. 


The  input  transformer  matching 
the  antenna  to  the  tube  consists  of  a 
single  tuned  circuit.  The  dynamic 
input  resistance  of  the  tube  shunt- 
ing the  circuit  appears  like  200 
ohms  and  a tap  at  the  73-ohm  re- 
sistance level  is  provided  to  termi- 
nate the  transmission  line.  A 73- 
ohm  input  was  chosen  because 
coaxial  cable  is  frequently  used  in 
fringe  areas  to  minimize  ignition 
interference. 

A balun  (balance  to  unbalance) 
300-ohm  to  73-ohm  transformer  for 
use  with  a 300-ohm  line  will  be 
described  later. 


Interstage  Coupling 

A double-tuned  inductively 
coupled  circuit  is  used  between  the 
plate  of  the  first  and  the  grid  of  the 
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second  r-f  amplifiers.  Using”  a 
12AT7  and  a 12AW6  as  the  first  and 
second  stages  respectively  the  figure 
of  merit  based  on  the  estimated 
total  input  and  output  capacitances 
C,  and  Co  is 

AAf  = = 140  me 

2i^<  CiCo 

where  gr,„  = 5 X 10  ® mhos,  C,  = 
7 X 10  “ F,  and  C.  = 4 x 10-“  F. 

Over  a bandwidth  of  40  me  it 
should  be  possible  to  realize  a gain 
of  3.5.  Accepting  a reasonable 
peak-to-valley  ratio,  higher  gain 
will  result  without  appreciably  im- 
pairing resolution,  since  over  any 
4.5-mc  interval  within  the  trans- 
mission band  the  amplitude  varia- 
tion should  be  slight.  Further- 
more, the  input  circuit  being  single- 
tuned,  a certain  amount  of  stagger 
damping  is  indicated. 

The  second  r-f  stage  couples  into 
the  receiver  300-ohm  input  resist- 
ance. Since  the  damping  resistance 
is  low  (300  ohms),  wide  bandwidth 
is  easily  realized.  The  tuning  of 
this  circuit  is  broad  and  the  overall 
bandwidth  is  little  affected  by  its 
presence.  The  gain  of  this  stage  is 
approximately  1.5.  The  voltage 
step-up  in  the  input  circuit  is  1.6, 
so  the  total  gain  is  approximately  8. 


Crossover  Network 

As  two  individual  bandpass 
amplifiers  are  used,  the  respective 
inputs  and  outputs  must  be  either 
switched  or  connected  through  a 
crossover  network.  Mechanical  ad- 
vantages and  convenience  make  the 
latter  more  desirable.  The  cross- 
over networks  shown  in  the  circuit 
diagram  are  of  a very  simple  type. 

Two  quarter-wave  sections  con- 
nect the  two  inputs  and  outputs  to 
the  incoming  and  outgoing  lines. 
For  proper  rejection,  the  shorter 
section  leads  to  the  low-band  and 
the  longer  section  to  the  high-band 
circuits. 

Within  the  respective  bands  the 
loading  effect  of  the  alternate 
amplifier  is  small  owing  to  its  low 
input  impedance  and  the  impedance 
inversion  property  of  a X/4  line. 
Although  these  conditions  prevail 
at  the  midband  frequencies  only, 
broadband  operation  is  secured  by 
virtue  of  the  transmission  line’s  low 
characteristic  resistance. 

Baiun  Transformer 

The  balun  transformer  for  use 
with  a 300-ohm  line  consists  of  a 
X/2  section  of  73-ohm  coaxial  line 
at  65  me. 


When  the  length  of  the  line  is 
X/2  or  an  odd  multiple  thereof  and 
terminated  in  its  characteristic  re- 


Drawing  and  response  curve  of  bal- 
anced'to-unbalanced  transformer  made 
of  73-ohm  coaxial  coble 


sistance,  the  voltage  between  center 
conductor  poles  is  2E,  either  pole 
voltage  to  ground  being  E.  The 
center  pole-to-pole  resistance  is  on 
the  basis  of  equal  power  4Ro,  Ro 
being  the  line  characteristic  resist- 
ance. The  approximate  response  of 
a transformer  using  RG-59/U  cable 
is  shown  in  the  accompanying 
curve. 


Utility  Video  Amplifier 


Extended  frequency  response  and  double-ended  low-impedance  output  to  drive  a 75-ohm 
line  and  monitor  are  achieved  by  use  of  two  feedback  pairs  in  cascade.  Wide  range  of 

useful  applications  on  program  lines  is  indicated 


USE  OF  FEEDBACK  results  in  some 
inherent  advantages  that  sug- 
gests its  incorporation  in  a utility 
video  amplifier.  Feedback  assists 
not  only  in  achieving  exceptional 
amplitude  linearity  and  in  extend- 
ing the  high  and  low  frequency 
responses,  but  also  creates  a low- 
impedance  source  that  lends  itself 
well  to  driving  a 76-ohm  line. 


By  E.  C.  KLUENDER 


Figure  1 shows  a simple  block 
diagram  illustrating  how  feedback 
is  employed  in  an  amplifier  com- 
posed of  two  feedback  pairs  in  cas- 
cade. Overall  amplifier  gain  is  con- 
trolled by  varying  the  amount  of 
feedback  in  the  first  pair.  Coupling 
between  the  pairs  is  by  means  of  a 
large  capacitor  which  results  in 
negligible  phase  shift  for  all  fre- 


quencies concerned. 

A schematic  diagram  is  shown  in 
Fig.  2.  Two  video  jacks  permit  the 
input  to  be  bridged  or  terminated. 
Termination  is  obtained  by  insert- 
ing a 75-ohm  termination  plug  in 
one  of  the  input  jacks.  The  input 
capacitance  of  the  amplifier  is  20 
fifif.  Voltage-type  degeneration  is 
fed  from  the  second  stage  back  to 
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FIG.  2 — Complete  circuit  oi  one  utility  amplifier.  The  low-impedance  driving  point 
is  designated  A.  at  the  right  of  tube  5687 


the  cathode  of  the  first  stage,  and  is 
adjustable  by  means  of  i2e.  The  low 
d-c  potential  existing  at  the  output 
of  the  first  coupled  pair  permits  the 


FIG.  1 — Arrangement  of  stoges  in  the 
amplifier 

use  of  a low-voltage,  high-capaci- 
tance electrolytic  capacitor  to 
couple  to  the  second  pair. 

The  circuit  for  the  second  pair  is 
identical  with  the  first,  except  for 
components.  A very  high  perveance 
is  obtained  in  the  output  stage  by 
connecting  the  plates  of  a 5687  in 
parallel. 

The  feedback  circuit  includes  an 
adjustable  capacitor  Ci«  which  pro- 
vides a frequency  compensator  use- 
ful in  adjusting  overall  amplifier 
response.  A negative  5-volt  source 
is  used  for  grid  bias  purposes  and 
for  bucking  out  the  d-c  in  the  out- 
put circuit. 

Output  Circuit 

Point  A (Fig.  2)  owing  to  volt- 
age feedback  is  a very  low  imped- 
ance driving  point  (sometimes  re- 
ferred to  as  a zero-impedance 
point).  Due  to  the  reduction  in 
forward  gain  as  frequency  is  in- 
creased, the  impedance  of  point  A 
will  rise.  The  net  impedance  values 
are  plotted  in  Fig.  3,  while  curves 
A of  Fig.  4 and  5 show  the  resistive 
and  reactive  components  of  this  im- 
pedance for  Cu  set  to  maximum 
capacity. 

These  curves  suggest  the  use  of  a 
series  element  whose  impedance  de- 
creases with  frequency  for  feeding 
a line.  Such  an  element  is  obtained 
by  using  Cu,  and  in  the  com- 
bination shown  in  Fig.  2.  Making 


both  R and  C adjustable  results  in 
a flexible  arrangement  which  has 
the  capability  of  compensating  for 
the  change  of  impedance  of  point  A. 

Figure  6 shows  a family  of 
curves  for  typical  settings  of  R^t 
and  Cu.  The  wide  range  of  adjust- 
ment is  quite  evident. 

The  B curves  of  Fig.  6 are  also 
plotted  on  Fig.  4 and  6 where  they 
are  added  to  the  curves  of  imped- 
ance at  point  A.  The  net  resistive 
component  of  output  impedance  is 
shown  as  curve  C of  Fig.  4 ; the  net 
reactive  component  of  output  im- 
pedance is  shown  as  curve  C of  Fig. 
5.  Note  how  effectively  B com- 
pensates for  A in  each  case. 

Actual  measurements  of  output 
impedance  for  a utility  video  am- 
plifier are  given  in  Fig.  7 where 

they  are  plotted  with  a greatly  ex- 
panded scale.  This  typical  curve 
shows  only  ±1  ohm  variation  out 
to  11  me.  The  resulting  well- 
matched  source  impedance  such  as 
this  is  required  for  obtaining  uni- 
form transmission  over  coaxial 
cables  without  reflections.  It  also 
represents  a close  approach  to  the 
ideal  driving  circuit  for  telephone 
lines  whose  impedance  varies 
widely  over  the  transmission  band 
but  which  are  equalized  for  uni- 
form response  from  a 75-ohm 
source. 

The  recommendations  of  a Joint 
Committee  of  TV  Broadcasters  and 
Manufacturers  for  Coordination  of 
Video  Levels  are  easily  met  by  the 
amplifier.  This  committee’s  recom- 


mendation on  Standard  Termina- 
tion Impedances  is  as  follows:  “It 
is  recommended  that  the  standard 
termination  impedance  for  both  the 
sending  and  receiving  ends  of  a 
line  connected  for  single-ended 
operation,  shall  have  a value  of  76 
ohms  plus  or  minus  5 percent. 
These  figures  will  apply  over  the 
television  frequency  band  below  6 
me  but  not  down  to  d-c.’’ 

Monitor . Provisions 

The  ideal  place  to  monitor  an 
amplifier  feeding  a line  is,  of 
course,  across  the  output  of  the 
amplifier.  Most  amplifiers  in  use 
at  present  cannot  drive  the  double 
termination  resulting  from  con- 
necting low-impedance  monitoring 
lines  across  their  outputs,  and  this 
leads  to  the  incorporation  of  isola- 
tion amplifiers. 

Use  of  isolation  amplifiers  brings 
about  the  possibility  of  a monitor 
picture  not  in  accordance  with 


FIG.  3 — Plot  of  point  A Impedance 
characteristics 
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what  the  line  is  receiving,  both  in 
level  and  quality.  The  answer  lies 
in  using  a line  amplifier  capable  of 
feeding  two  lines  without  introduc- 
ing a series  element  capable  of 
failure  or  extraneous  signals. 
Furthermore,  it  is  desirable  that 
the  monitor  output  have  sufficient 
isolation  from  the  line  output  to 
give  a true  indication  of  amplifier 
performance,  regardless  of  changes 
in  line  impedance. 

The  desirable  monitor  feed  char- 
acteristics outlined  above  are 
achieved  by  the  output  circuit  em- 
ployed in  this  video  amplifier.  The 
monitor  is  fed  from  point  A of  Fig. 
2,  the  low-impedance  driving  point. 
Resistors  and  Rn  form  a 

divider  for  obtaining  the  required 
monitor  ratios. 

For  a 1:1  monitoring  ratio,  the 
resistors  are  connected  as  shown  in 
Fig.  2.  For  a 2:5  monitor  ratio  Ru 
is  removed;  for  a 1 :5  monitor  ratio, 
the  jumper  across  R^e  is  also  re- 
lAoved.  No  capacitor  is  employed 
across  these  divider  resistors  in  the 
fashion  that  Cu  is  used  for  the  line 
feed,  since  bandwidth  adequate  for 


FIG.  4 — ^R«8i8tive  component8  oi  output 
impedance 


monitoring  is  obtained  without  its 
use. 

Isolation . Characteristics 

For  a monitoring  ratio  of  1 to  1 
(equal  outputs)  the  attenuation  be- 
tween the  line  and  the  monitor  feed 
is  given  in  Fig.  8.  These  attenua- 
tion figures  are  obtained  by  feeding 
a signal  in  at  the  line  output  jack 


and  measuring  the  resultant  volt- 
age appearing  at  the  'terminated 
monitor  output.  The.  shunting  im- 
pedance effect  obtained  due  to  volt- 
age feedback  at  point  A is  evident. 


Table  I — Impedance 
Characteristics  at  Point  A 


Cm 

Set  to  Maximum 

Frequency 

in  Me 

Z 

|ZI 

1 

3 +j3 

4 

3 

5 -l-jll 

12 

5 

10  -f- j18 

21 

7 

14  -H  j21 

25 

9 

20  + j25 

32 

11 

26  -f-  j27 

37 

13 

33  + j29 

44 

15 

40  -f-  i27 

48 

Cm  Set  to  Minimum 

1 

3 +j5 

6 

3 

4 + i1 3 

14 

5 

8 + j22  . 

23 

7 

14  -}- j29 

32 

10 

28  + j38 

47 

15 

57  + i26 

62 

A 60-cycle  hum  component  appear- 
ing on  the  line  output  terminal  due 
to  ground  currents  in  long  coaxial 
runs  would  be  attenuated  by  about 


FIG.  5 — ^Reactive  components  oi  output 
impedance 


FIG.  6 — Family  of  impedance  curves 
lor  series  networks 

34  db;  this  point  is  off  the  curve 
of  Fig.  8.  The  hum  component,  as 
well  as  other  extraneous  signals 
will  therefore  not  appear  on  the 
monitor,  but  rather,  the  monitor 
will  give  a true  indication  of  what 
the  amplifier  is  feeding  to  the  line. 

Figure  9 shows  the  frequency 
response  of  the  amplifier  connected 
for  a monitor  signal  equal  to  the 
line  signal,  and  operating  at  unity 
gain.  Two  1.4-volt  signals  are  ob- 
tained; the  frequency  response  of 
the  monitor  signal  is  also  shown. 

The  maximum  gain  available 
with  the  connection  described  above 
is  2.5.  As  an  optional  connection, 
the  1,500-ohm  resistor  may  be 
removed  giving  less  negative  feed- 
back to  the  final  pair.  Such  a con- 
nection may  be  used  when  a greater 
gain  (4  maximum)  is  desired. 
Under  these  conditions  the  monitor 
will  operate  at  a 1:5  or  2:5  ratio 
rather  than  unity,  and  signals  up 
to  2 volts  may  be  obtained. 

Applications 

Figure  lOA  shows  the  amplifier 
feeding  a telephone  line.  The  driv- 
ing impedance  illustrated  in  Fig.  7 
is  the  characteristic  especially  in- 
teresting in  this  application,  also 
the  ability  to  monitor  the  outgoing 
line  directly  is  shown  in  Fig.‘  10. 

Figure  lOB  illustrates  the  ability 
of  feeding  two  75-ohm  lines  from  a 
single  amplifier.  Three  amplifiers 
are  shown  feeding  six  house-moni- 
toring circuits.  The  use  of  the 
amplifier  as  a buffer  is  shown  in 
Fig.  IOC  and  lOD. 
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FIG.  10 — ^Typical  applications  of  the  video  utility  amplifier 


FIG.  7 — Output  impedance  of  utility 
video  amplifier 


FIG.  8 — Attenuation  between  line  and 
monitor  feeds 


FIG.  9 — ^Frequency  response  of  output 
to  line  and  monitor 


The  amplifier  gain  controls  permit 
an  accurate  adjustment  of  percent- 
age sync  and  output  video  level. 
The  method  illustrated  may  also  be 
used  to  mix  two  video  signals.  If  a 
common  video  signal  is  fed  to  the 
input  of  the  two  amplifiers,  a 4/3 
normal  gain  and  4/3  normal  signal 
output  may  be  obtained. 


A method  of  obtaining  a choice 
of  signals  for  monitoring  without 
double  terminating  a program  line 
is  illustrated  in  Fig.  lOE.  Only  a 
slight  loss  of  program  level  (ap- 
proximately 1 db)  is  experienced. 

Figure  ' lOF  shows  a simple 
method  of  mixing  video  and  S3mc  to 
obtain  a composite  video  picture. 


Cathode-Compensated  Video  Amplification 

Theoretical  and  practical  development  of  a circuit  technique  that  combines  virtues  of 
lower  cost,  simplicity,  extended  frequency  range  and  improved  linearity 

By  ALEXANDER  B.  BERESKIN 


IT  is  well  known  that  feedback  can 
be  used  to  modify  the  frequency, 
gain  and  linearity  characteristics  of 
amplifiers.  The  purpose  of  this 
paper  is  to  show  how  feedback, 
properly  obtained  in  the  cathode 
circuit  of  a video  amplifier,  can  be 
used  to  endow  the  amplifier  with 
exceptional  characteristics.  Some  of 


the  important  features  involved  are 
simplicity,  reduction  in  cost,  im- 
provement in  linearity,  and  practic- 
ally constant  amplitude  and  time 
delay  over  the  useful  frequency 
range  of  operation. 

The  compensating  elements  are 
of  such  values  that  neither  the  ser- 
ies inductance  of  the  capacitors  nor 


the  stray  capacitance  of  the  induct- 
ors has  any  noticeable  effect  on  the 
results.  These  elements  are  in- 
corporated in  a low  signal  level  cir- 
cuit and  do  net  increase  the  stray 
capacitance  over  that  which  results 
with  uncompensated  operation.  The 
large  electrolytic  capacitor  normally 
used  in  the  cathode  circuit  is  elimi- 
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nated,  thus  increasing  the  reliabil- 
ity of  operation.  The  total  cost  of 
the  small  mica  capacitor  and  the 
inductor  used  for  compensation  is 
considerably  less  than  that  of  the 
electrolytic  capacitor  that  was 
eliminated. 


FIG.  1 — ^Basic  Tideo  ampliiier  circuit, 
cathode-biased  version  employed  for  de- 
termining proper  compensotion.  and  prac- 
tical cathode-compensated  circuit 

Compensating  Procedure 

To  make  proper  use  of  the  com- 
pensation discussed  in  this  paper 
the  procedure  indicated  below 
should  be  followed: 

(A)  Use  the  circuit  of  Fig.  IB. 
It  is  important  that  the  suppressor 
and  screen  be  returned  to  ground 
and  not  to  the  cathode. 


(B)  Determine  the  stray  plate 
circuit  capacitance  C,.  This  can  be 
done  experimentally,  if  the  screen 
and  cathode  are  perfectly  bypassed, 
by  obtaining  a gain-frequency 
curve  for  some  value  of  Rl  close  to 
that  which  it  is  intended  to  use.  By 
using  the  frequency  / at  which  the 
gain  is  down  3 db  from  the  middle 
frequency  value  and  i2eq  which  is 
calculated  from 

we  get 

r 


and  then 

c,  = C.'  -:Co  (3) 

where  C«  is  the  capacitance  intro- 
duced by  the  measuring  circuit. 

(C)  Determine  the  middle  fre- 
quency gain  when  the  screen  and 
cathode  are  perfectly  bypassed  to 
ground  and  a value  of  Rli  is  used 
such  that  the  gain  is  down  3 db  at 
the  high  frequency 


fo  = 


1 

2irC»Reqi 


(4) 


which  is  chosen  for  reference 
purposes. 

Preferably  this  should  be  done 
experimentally,  making  allowance 
for  the  change  in  the  frequency 
characteristic  due  to  the  capaci- 
tance introduced  by  the  measuring 
circuit.  The  frequency  can  be  com- 
puted analytically  if  is  known  by 
using  the  expression 


-4.  — QmReql 


(5) 


where  Reqi  is  obtained  by  substitut- 
ing Rli  in  place  of  Rl  in  Eq.  1. 

(D)  Determine  the  value  of  Req2 
which,  when  all  cathode  bypass  ca- 
pacitance is  removed,  will  produce 
the  same  middle  frequency  gain 
that  was  obtained  in  part  (C).  Use 
this  value  of  E„2  to  determine 


a + gKRK)  = -^  (6) 

This  should  preferably  be  done 
experimentally  by  measuring  the 
value  of  Rl^  required  and  substitut- 
ing it  in  Eq.  1 to  get  Req2-  A close 
approximation  can  be  obtained 
analytically  if 

9K  = gm  + g.2  = -^  + -^  (7) 

can  be  determined.  The  analytical 
value  obtained  in  this  manner  will 
usually  be  a little  low  for  it  does  not 
take  into  account  the  fact  that 
is  reduced  slightly  when  a higher 
value  of  Rl  is  used.  Additional 
feedback  also  results  due  to  the 
small  a-c  screen  to  cathode  voltage 
that  will  be  present.  Both  of  these 
factors  would  tend  to  require 
a higher  value  of  R^qz  than  would  be 
given  by  the  analytical  expression. 

(E)  Obtain  values  of  a/(l  -1- 
QkRk)  and  /«//»  from  Fig.  -6  for  the 
value  of  (1  -f  OkRk)  given  in  (D). 


(F)  The  cathode  capacitor  re- 
quired is 

d Reqi 


Ck  = 


c. 


(8) 


(1  + gKRK)  Rk 
and  the  value  of  cathode  inductor 
required  is  , 


Lk  = 


(2  v/«)*  Ck 


(9) 


FIG.  2 — Effect  of  variations  in  factor  a when  using  only  a 
capacitor  in  parallel  with  cathode  resistor 


FIG.  3 — Relative  reactance  values  required  to  satisfy  require- 
ment of  constant  amplitude  when  using  only  shunt  copacitor 
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(G)  Connect  the  components  Rl2, 
Ck  and  Ljc  as  shown  in  detail  in 
Fig.  1C. 

In  a typical  amplifier  with  /„  = 
3.54  me  and  (1  + QkRk)  = 2.13  the 
required  value  of  cathode  capacitor 
was  Ck  = 1,170  (ifjLf  and  the  required 
value  of  cathode  inductor  was  Lk 
= 1.13  X 10  * henrys.  The  ampli- 
tude and  time-delay  characteristics 
for  this  amplifier  are  given  in  Fig. 
8.  Additional  characteristics  of 
this  amplifier  will  be  discussed  in 
the  concluding  part  of  this  paper. 
Its  low-frequency  gain  will  be  that 
which  would  have  resulted  in  (C) 
if  infinite  cathode  bypass  capaci- 
tance had  been  used. 

Theoretical  Development 

In  an  amplifier  of  the  type  shown 
in  Fig.  lA  the  vector  ratio  E„/E„  is 


known  as  the  voltage  amplification 
or  gain  and  is  denoted  by  the  sym- 
bol A.  In  the  middle  and  high  fre- 
quency regions  this  can  be  ex- 
pressed as 

A = -g^'z^  (10) 

where  Z*,  is  the  parallel  impedance 
of  the  resistances  r^,  Rt,  and  Rg  and 
the  stray  capacitive  reactance  X,. 

If  feedback  is  used  and  the  sym- 
bol At  is  used  to  distinguish  the 
voltage  amplification  with  feedback 
from  A which  is  the  voltage  amplifi- 
cation without  feedback,  then 


where  B is  the  vector  portion  of  the 
output  to  ground  voltage  fed  back 
in  the  grid-to-cathode  circuit. 

The  batteries  Eca  and  Ece^  shown 
in  Fig.  lA  are  ordinarily  replaced 


FIG.  4 — Amplification  and  time  delay  characteristics  for  circuit  constants  and 
conditions  of  Fig.  3 


FIG.  5 — Amplification  ond  time  delay  characteristics  for  improved  circuit 
based  on  curves  of  Fig.  6 


with  the  resistance-capacitance 
combinations  shown  in  Fig.  IB.  In 
this  circuit  if  C,,  and  Ck  are  as- 
sumed to  have  zero  reactance  there 
is  no  feedback  and  then  A = 
as  before. 

If  the  parallel  combination  of  r„ 
Rl  and  Rg  is  called  i?*,  and  a)„  = 
fo  is  so  defined  that 

2irfoCg  “ 

or 


C,  Rgg 
thenZe,  = 

R»,  (-  j X.) 
Rtq  — j X, 


Zea  = 


l+j- 

Olg 


and 


(12a) 


^ J 


(13) 


A 


ffm  Reg 

1 +3 


Wo 


(14) 


This  is  the  well-known  relation 
which  holds  for  resistance-capaci- 
tance coupled  amplifiers  in  the  mid- 
dle and  high-frequency  ranges. 

If  we  now  assume  that  the  react- 
ance of  C.g  is  still  zero  while  that  of 
Ck  is  finite,  then  the  fiow  of  alter- 
nating plate  and  screen  current 
through  the  parallel  combination  of 
Rk  and  Ck  will  develop  an  alternat- 
ing voltage  that  appears  in  the 
grid-to-cathode  circuit.  In  order  to 
specify  the  cathode-circuit  imped- 
ance in  terms  of  the  previously 
chosen  symbols  /„  and  a)„  we  will 
define  a new  arbitrary  constant  a so 
that 


1 

wCk 


a 


Wo 


Rk 


(16) 


and  therefore 

a = WoCkRk  = - (15a) 

Using  this  definition  of  a we  can 
express  the  cathode  circuit  imped- 
ance as 


Zk  = 

RKj—  JXk) 
Rk  — j Xk 


g fa) 

. . 1 fa)u 

1 - J—  — 
a fa) 


Rk 


1 +ja  — 

Wo 


(16) 


Since  both  the  screen  and  plate 
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alternating  current  flows  through 
the  cathode-circuit  impedance  while 
only  the  plate  alternating  current 
flows  through  the  plate  load  imped- 
ance it  is  necessary  to  define  a new 
term  Qk  such'that 

(17) 

9m  Zeij 

Mainly 

I t /I  o\ 

SK  = 9m  + 9^  = -^  + -^  (18) 

but  as  defined  in  Eq.  17  it  will  also 
take  care  of  additional  minor  fac- 
tors such  as  the  possibility  that 
itself  might  change  between  two 
conditions  of  operation  and  also 
that  there  may  be  other  feedback 
effects  due  to  the  small  a-c  screen- 
to-cathode  voltage.  The  voltage 
amplification  with  feedback  is  then 

Af  = _ 

9m  Zfg ^ 9m  Zeq 

\9m 

(19) 

If  we  substitute  the  values  of  Zeq 
and  Zk  obtained  previously  in  this 
expression  for  A,,  then 


Qm  ' 


n. 


i+i- 


A,  = 


1 + 9K- 


Rk 


1+ j a- 


r 9mReq  "1 

1 a— 1 

1 (1  + (/ifflif) 

•-  Wo-J 

1 

3 i 3 

+ 

1 

Case  I:  If  we  let  a = oo 

9m  R*q\ 


Ai  = 


1+y 


(20) 


(21) 


and  this  of  course  is  the  case  when 
the  cathode  is  completely  bypassed 
to  ground. 

Case  II:  If  we  introduce  a new 
value  of 

Rtg2  = (1  -f-  9KRK)Regt 

this  will  make 


(1  + 9kRk) 


(22) 

(23) 


and  then 


Zeal  — 


(1  ~h  9KRK)Reql 
1 + J(1  + 9kRk)  — 

a?o 


(24) 


where  Wo  is  still  defined  in  terms  of 
Substituting  this  value  of 
in  the  equation  for  A,  we  get 
~ 9m(X  + 9KRK)Reql 


_ [■ 


1 + j(l  + 9kRk) 


Ai  = 


■[- 


ri  + 9K 1 

l+ia— J 
L Wo  -■ 

Reql  "1 

W 

1 a J 


~gm(l  -j"  9KRK)Reqi 
(1  + 9kRk)  + 3 

1 a 


1 + i(l  + 9kRk) 

Wo  _l 


(25) 


FIG.  6 — Computed  curves  giving  satisfactory  constants  for  compensating  circuit 
over  a wide  range  of  circuit  values 


If  we  also  let 

a = 1 + 9kRk  (26) 

then 


A _ 9mReql  j 

Aq  = — 

...  W 

1 +3  


(27) 


and  this  is  exactly  the  same  vector 
voltage  amplification  that  we  ob- 
tained in  the  original  uncompen- 
sated case  except  that  now 


= (28) 

and  is  of  the  order  of  magnitude  of 
0.001  [if  instead  of  being  200  or  300 
[if  as  was  required  for  good  low- 
frequency  response  in  the  original 
case. 

Case  III:  The  fact  that  Case  II 
gives  the  same  vector  voltage  ampli- 
fication as  the  original  uncompen- 
sated amplifier  is  interesting,  but 


l+g^R 

,=  2.I2 

' 

k 

o EXPERIMENTAL  COMPEr 
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FIG.  7 — Experimental  verification  of  Case 
II  and  test  of  accuracy  of  method 


not  too  useful.  It  is  ordinarily  desir- 
able to  improve  both  the  amplitude 
and  time-delay  characteristics  over 
those  that  are  obtained  with  uncom- 
pensated amplifiers. 

If  values  of  a other  than  those 
indicated  in  Eq.  26  are  used  in  Eq. 
25  the  amplitude  and  time-delay 
characteristics  shown  in  Fig.  2 are 
obtained  (1  + = 2.50  in  this 

case).  It  will  be  observed  from  these 
characteristics  that  a wide  range  of 
performance  can  be  obtained. 

The  ideal  characteristic  is  one  in 
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which  both  the  amplitude  and  time- 
delay  characteristics  are  flat  over 
the  full  range  of  operation.  This 
requirement  cannot  be  met  but  a 
compromise  is  possible  in  which  one 
of  the  two  characteristics  is  made 
as  flat  as  possible  and  the  other  one 
is  allowed  to  take  care  of  itself. 

It  will  be  observed  that  the 
higher  the  value  of  a,  the  greater 
the  value  of  (o/<0o  at  which  the  am- 
plitude characteristic  crosses  the 
A/Au  = 1.0  value.  This  would  sug- 
gest that  if  we  could  make  the 
cathode  capacitance  automatically 
vary  the  proper  amount  with 
change  of  frequency,  then  we  could 
slide  from  curve  to  curve  in  cover- 
ing the  full  range  of  operation.  A 
similar  procedure  could  be  used 
with  the  time  delay  but  it  would 
probably  require  different  values  of 
a than  those  necessary  for  constant 
amplitude. 

Satisfying  this  variable  cathode 
capacitance  requirement  is  not  as 
difficult  as  it  would  appear  to  be  at 
first  thought.  The  method  by  which 
this  is  done  is  shown  in  the  curves 
of  Fig.  3.  In  this  figure  the  circled 
points  represent  the  relative  capaci- 
tive reactance  required  at  the  dif- 
ferent values  of  co/cOo.  The  lower  of 
the  two  curves  is  the  relative  react- 
ance of  the  capacitor  Ck  when  a = 
1.0  (1  + QkRk)  [the  condition  re- 
quired by  Case  II].  The  upper  one 
of  the  two  curves  is  the  relative  re- 
actance of  a series  combination  of 
the  capacitor  Cks  corresponding  to 
the  lower  curve,  and  an  inductor  Lk 
required  to  resonate  this  capacitor 
at  a value  of  w/o),  = 1.10.  The  cir- 
cled points  are  satisfied  very  nicely 
by  the  series  combination  of  Ck  and 
Lk  chosen. 

The  amplitude  and  time  delay 
characteristics  that  result  from  this 
choice  are  shown  in  Fig.  4.  A more 
satisfactory  choice  of  variables  will 
give  the  response  curves  shown  in 
Fig.  5.  In  this  case  the  time-delay 
characteristic  has  been  greatly  im- 
proved with  only  a slight  change  of 
the  amplitude  characteristic. 

The  variables  for  Fig.  5 were  ob- 
tained from  the  two  curves  in  Fig. 
6.  These  two  curves  are  the  key  to 
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the  compensation  discussed  in  this 
paper  and  have  been  designed  to 
produce  a time-delay  characteristic 
that  will  dip  approximately  four 
percent  to  the  valley  and  then  rise 
about  six  percent  to  the  peak. 
Either  flatter  amplitude  or  time- 
delay  characteristics  can  be  ob- 
tained with  slight  variations  in  a 
and  fn/fo  but  it  is  suggested  that 
the  response  to  be  expected  should 
be  computed  in  each  case. 

The  simplest  procedure  for  mak- 
ing these  computations  involves  the 
use  of  Eq.  35,  replacing  a by 
which  is  developed  in  the  following 
manner : 

If  Xc  and  Xl  are  self  resonant  at 
fit  so  that  XcR  = Xlb,  then  at  any 
other  frequency  the  equivalent  se- 
ries reactance  is 


Z—  V v“  — V V f 

cfl  -Ac  Ax.  — A c/2  ^ “ A c/2  "7“ 


= ^-(^—77) 

so  that 


Cn  = Ck 
and 

C, 


Otg  = a 


i-f-h) 


Ck 


(CiR  i CO  \ 

W UR  / 


r “ 1 ( ^ \ 

L « ««  J \ / 


/« 

(29) 


(30) 


(31) 


Sample  computations  for  several  of 
the  points  in  Fig.  8 are  shown  in 
Table  I. 

Experimental  Verification 

To  verify  experimentally  the 
theory  developed  previously,  the 


amplifier  circuit  of  Fig.  1C,  using  a 
6AG7  tube,  was  set  up  on  a bread- 
board. The  constants  used  in  this 
circuit  were: 

Bli  = 2,040  ohms  Ebb  = 300  volts 

Rk  = 81.8  ohms  Ea  = 125  volts 

Rtg  — 22,400  ohms  Eti  = — 2.68  volts 

The  screen  and  cathode  circuits 
were  bypassed  sufficiently  well  for 
frequencies  above  10  kc  and  no 
measurements  were  made  below  100 
kc.  The  experimental  frequency 
characteristic,  shown  by  the  curve 
drawn  through  the  circled  points 
in  Fig.  7,  was  obtained.  From  this 
curve  it  was  determined  that  /.  = 
3.80  me  and  C,  = 21.0  ii.[jLf. 

When  the  cathode  bypass  capaci- 
tor was  removed  it  was  found  that 
a new  load  resistor  Rl»  = 4,440 
ohms  was  required  to  produce  the 
same  voltage  amplification  at  100  kc 
as  was  obtained  previously.  Using 
a value  of  r,  = 125,000  ohms  and 
Rg  = 500,000  ohms  it  was  deter- 
mined that  /2eqi  = 2,000  ohms  and 
/2eq3  = 4,260  ohms.  Therefore 


1 + QkRk  = 


Reqi 

Reql 


4,260 

2,000 


2.13. 


Analytically  ffK  = ffm  + gc2.  These 
values  can  be  obtained  from  the 
HB-3  series  of  RCA  Tube  Hand- 
books. For  the  operating  values 
involved,  interpolating  between  the 
100  and  150  screen  voltage  curves, 
Qm  = 0.010  mhos  and  = 0.003 
mhos  (obtained  from  the  slope  of 
the  Bel  vs  id  curves) . Therefore  gK 
^ 0.013  mhos  and  1 -f  pyRir  = 1 + 
81.8  X 0.013  = 2.06.  As  was  ex- 
pected this  value  is  slightly  lower 
than  the  value  obtained  experiment- 
ally. 

On  this  basis  it  was  determined 
that 

C,  = -^C..4^X21.0- 

1,093  fiiji 

When  a value  of  Ck  = 1,090  [Xfjif  was 
used  the  experimental  values  shown 
by  the  squared  points  in  Fig.  7 
were  obtained.  The  variation  ob- 
tained was  definitely  outside  the  ex- 
perimental error  expected.  A closer 
examination  of  the  circuit  showed 
that  while  Rli  was  composed  of  a 
series  combination  of  two  2-watt  re- 
sistors,Ri,*  was  composed  of  a series 
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Table  I — Sample  Calculations  for  Compensated  Amplifiers 


(Data  Plotted  in  Fig.  8) 


Working  Equations: 


a 

ileq  ““  r- 

COR 

1 

07 

L 

C3R  J 

U)R 

A 

A 

Am 

Am 

1 6 = 

(1 

/« 


X 


(1  + QkEk) 


(1  + QkRk)  + j a. 


1 + J 

07 

07o 

1 +7(1  + QkRk) 

07 

0>o  . 

Th 


X —j—  seconds 


Circuit  Constants: 

(1  + 9kRk)  = 2.13,  = 1.234,  a = 1.063  X 2.13  = 2.265 

Jo 

/o  = 3 . 54  me.  Am  = 20.8 
Quantity 


to/ tOo 

0.03 

0.1 

0.3 

1.0 

3.0 

tofi/co 

41.13 

12.34 

4.113 

1.234 

0.4113 

uluR 

0.0243 

0.0809 

0.243 

0.809 

2.430 

cor!  CO  — to/ <j3R 

41.11 

12.26 

3.870 

.425 

-2.019 

2.267 

2.280 

2.410 

6.600 

-.4615 

Oeq  to/  COo 

0.0681 

0.2280 

0.7230 

6.600 

-1.384 

1+7  deg  to/ CO„ 

1.0023 

1.027 

1.237 

6.68 

1.710 

1 3.91° 

112.85° 

135.85° 

181.38° 

154.12° 

(1  -\~9kRk)  +7ffle9“/ Wo 

2.1311 

2.142 

2.245 

6.930 

2.540 

1 1.84° 

1 6.11° 

118.79° 

172.10° 

133.00° 

(1  + 9kRk)  co/coo 

0.0639 

0.213 

0.639 

2.13 

6.39 

1 + 7(1  + 9kRk)  to/ COo 

1.0020 

1.022 

1.188 

2.352 

6.46 

1 3.66° 

112.03° 

132.60° 

164.82° 

|81.10° 

A/ Am 

0.9998 

0.9994 

0.987 

0.875 

0.222 

1 1.59° 

1 5.29° 

115.54° 

|55.54° 

1102.20° 

Td  (microseconds) 

0.0416 

0.0415 

0.0407 

0.0436 

0.0268 

/ (me) 

0.106 

0.354 

1.06 

3.54 

10.6 

combination  of  two  2-watt  resistors 
shunted  by  a i-watt  trimmer  re* 
sistor.  This  i-watt  resistor  was 
used  to  obtain  the  exact  value  of 
Ru  that  was  required.  The 
extra  resistor  introduced  an  addi- 
tional 1.5  (xfif  in  the  plate  circuit, 
bringing  the  total  stray  capacitance 
to  22.5  [i.[jLf.  This  in  turn  reduced 
fo  from  3.80  me  to  3.54  me 
and  changed  the  required  value  of 
Ck  from  1,093  /Ajjif  to  1,170 
The  smooth  curve  in  Fig.  7 
shows  the  theoretical  values  ex- 
pected under  the  new  conditions. 
The  circled  points  represent  the  ex- 
perimental data  obtained  with  Ck  = 


1,170  [ipif.  The  agreement  is  de- 
finitely within  the  experimental 
error  expected. 

Stray  Capacitance  Effects 

In  the  early  stages  of  the  investi- 
gation a similar  circuit  was  used 
with  the  exception  that  the  sup- 
pressor and  screen  were  returned  to 
the  cathode  instead  of  being  re- 
turned to  ground.  While  the  theo- 
retical analysis  called  for  approx- 
imately 1,000  [jL[ii.f  compensating 
capacitance,  it  was  found  that  the 
experimental  value  was  much  closer 
to  600  [j.[jLf. 

A more  thorough  investigation  of 


showing  improvement  in  linearity  ob- 
tained with  compensating  circuit 


FIG.  10 — Frequency  and  linearity  char- 
acteristics of  amplifier  intended  for  high 
output  voltages 


the  circuit  showed  that  the  stray 
cathode-to-plate  capacitance  acts  as 
though  it  were  multiplied  by  the 
voltage  amplification  and  connected 
from  cathode  to  ground.  Most  of 
this  capacitance  was  due  to  the  sup- 
pressor which  was  at  cathode  poten- 
tial and  the  screen  which  was  at 
cathode  potential  as  far  as  the  oper- 
ating frequencies  were  concerned. 
The  measured  value  of  this  stray 
capacitance  was  approximately  19 
|i.|i.f  and  this  multiplied  by  the  gain 
of  approximately  21  was  equivalent 
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to  the  missing  400  This  effect 
could  be  used  to  obtain  Case  II  type 
of  compensation  with  lower  values 
of  capacitance  than  those  required 
for  C’r  but  if  Case  III  type  of  com- 
pensation is  used  it  simply  tends  to 
shunt  the  compensating  circuit  and 
make  the  determination  of  the 
proper  element  values  more  difficult. 
For  this  reason  it  is  suggested  that 
the  suppressor  and  screen  always  be 
returned  to  ground.  An  additional 
advantage  is  that  the  alternating 
screen  current  then  flows  through 
Rk,  producing  additional  feedback 
and  requiring  the  use  of  1 -f-  QkRk 
instead  of  1 + ff^Rs.  Since  1 -|- 
QkRk  is  greater  than  1 + QmRK, 
additional  linearity  benefits,  which 
are  discussed  in  detail  below,  will  be 
obtained. 

For  the  value  of  1 + QkRk  = 2.13 
it  is  found  from  the  curves  of  Fig.  6 
that  proper  Case  III  compensation 
is  obtained  when  a/(l  + QkRk)  ~ 
1.063  and  /«//«  = 1.234.  On  this 
basis  we  should  use  values  of  Ck 
= 1.063  X 4,260  X 22.5/81.8  = 
1,243  [i,[i.f  and  a value  of  /«  = 1.234 
X 3.54  = 4.37  me.  The  theoretical 
amplification  and  time  delay  to  be 
expected  are  shown  in  Fig.  8 by 
the  smooth  curves.  The  experi- 
mental values  of  amplification  ob- 
tained are  shown  by  the  circled 
points.  The  agreement  is  well 
within  the  experimental  error 
expected. 

Additional  Advantages 

An  additional  benefit  that  results 
from  the  type  of  compensation  dis- 
cussed in  this  paper  is  in  the  linear- 
ity and  voltage-handling  capability 
of  the  amplifier.  Since  the  com- 
pensated amplifier  has  a larger 
value  of  Rl  than  the  uncompensated 
one,  its  load  line  will  not  be  as  steep, 
and  therefore  larger  voltage  swings 
can  be  expected  before  either  cutoff 
or  positive  grid  conditions  result. 
In  addition  to  that  a considerable 
amount  of  negative  feedback  is  pre- 
sent in  the  compensated  amplifier 
and  this  tends  to  reduce  the  tend- 
ency toward  nonlinear  distortion. 
These  effects  are  brought  out  very 
nicely  by  the  experimental  curves  in 


Fig.  9.  It  is  obvious  that  in  the 
middle  frequency  region  with  com- 
pensated operation  the  linear  por- 
tion of  the  curve  is  more  than  twice 
as  long  as  it  is  for  the  uncompens- 
ated operation.  The  advantage  is 
lessened  for  frequencies  close  to 
This  is  not  believed  to  be  too  im- 
portant in  video  amplifiers  intended 
for  television  purposes  since  the 
high-frequency  components  of  the 
signal  will  always  have  lower  ampli- 
tude than  the  middle  and  low-fre- 
quency components. 

If  it  is  desired  to  obtain  a large 
linear  range  of  output  voltage  the 
quantity  1 -f-  QkRk  should  be  made 
as  large  as  is  reasonably  convenient. 
To  test  this  condition  the  same 
6AG7  tube  was  operated  with  the 
following  constants: 

Rl,  =^9,250  ohms  Ei,b  = 360  volts 

Rk  — 508  ohms  Eoa  = 300  volts 

Eel  =s  — 11.0  volts 

In  this  case  the  screen  grid  was 
operating  at  its  rated  dissipation  of 
1.5  watts  while  the  plate  was  oper- 
ating with  about  3.5  watts,  which  is 
considerably  below  its  rated  dis- 
sipation. No  attempt  was  made  to 
determine  any  possible  change  in 
stray  capacitance  that  might  have 
resulted.  The  compensation  was 
calculated  on  the  basis  of  1 -f-  QkRk 
= 4.22  as  determined  experiment- 
ally and  C,  ■=  21.0  {ifi-f  as  found  in 
the  original  amplifier.  The  com- 
pensating elements  used  were  Ck  — 
353  [x.(x.f  and  Lk  = 2.57  X 10  * 
henrys. 

It  can  be  seen  from  Fig.  10  that 
the  middle-frequency  gain  has  been 
reduced  to  about  10  but  the  fre- 
quency response  has  not  been 
changed  appreciably  from  the  previ- 
ous case.  On  the  other  hand,  the 
linear  range  of  operation,  shown 
in  Fig.  10,  has  been  greatly  in- 
creased. The  remarkable  thing 
about  this  case  is  that  an  amplifier 
which  is  relatively  flat  to  3.5  me  and 
has  useful  frequency  response 
above  5 me  is  able  to  develop  a 
linear  middle-frequency  peak-to- 
peak  output  voltage  of  about  200 
volts  with  less  than  22  ma  combined 
plate  and  screen  current.  Even  at 


3 me  the  linear  range  is  remarkably 
great. 

An  investigation  of  the  factors 
. affecting  the  input  admittance 
in  amplifiers  is  very  important 
since  the  input  admittance  deter- 
mines to  a large  extent  the  loading 
on  the  preceding  stage.  In  order 
to  make  this  investigation,  a fictiti- 
ous test  voltage  'Et  is  applied  in  the 
input  circuit  of  an  amplifier  such  as 
shown  in  Fig.  IB.  The 

resulting  flow  of  current  from  'Et 
determines  the  input  admittance  of 
the  amplifier.  As  shown  in  Fig.  11 
this  current  flows  through  three 
distinct  paths,  indicated  at  h,  h and 

/c. 

The  current  h includes  all  of  the 
currents  except  those  specifically 
flowing  through  C„  and  The 
conductance  Gi,  the  intrinsic  input 
conductance,  would  effectively  be 
that  which  would  be  obtained  with  a 
cold  tube  in  the  socket.  The  capac- 
itance Cl,  which  will  be  called  the 
intrinsic  input  capacitance,  is  not 
as  easily  defined  or  measured  but 
includes  the  input  lead  to  ground 
capacitance,  the  grid  to  screen 
capacitance,  and  the  grid  to  sup- 
pressor capacitance.  Of  course,  the 
intrinsic  input  conductance  and 
capacitance  are  modified  by  the  fact 
that  they  include  distributed  as  well 
as  lumped  effects.  The  distributed 
parameters  must  be  taken  into  ac- 
count in  the  analysis. 

The  magnitude  and  phase  of  the 
current  h will  depend  on  the  ampli- 
fication and  phase  shift  of  the 
amplifier  and  the  magnitude  of  C,,. 
This  is  the  ordinary  Miller  effect 
which  is  described  in  most  texts  on 
communications  under  the  heading 
of  input  admittance.  The  input 
conductance  and  input  capacitance 
due  to  the  grid-plate  capacitance  are 


■”  ijoCgp  A sm  0 

(32) 

“ Cffp  (1  — A cos  0) 

(33) 

In  this  case  A represents  the  mag- 
nitude of  the  voltage  amplification 
and  9 the  phase  shift  of  the  plate  to 
ground  voltage  with  respect  to  the 
grid  to  ground  voltage.  For  an  un- 


AMPLIFIERS 


21 


compensated  amplifier  with  infinite 
cathode  bypass,  6 will  range  from 
90  to  180  degrees  for  capacitive 
loads  and  from  180  to  270  degrees 
for  inductive  loads.  Thus  it  is  seen 
that  capacitive  loads  tend  to  pro- 
duce positive  input  conductances 
while  inductive  loads  tend  to  pro- 
duce negative  input  conductances. 
In  the  case  of  the  amplifier  using 
cathode  compensation,  the  angle  0 
can  fall  outside  the  limits  specified 
above,  but  otherwise  the  two  equa- 
tions apply. 

The  magnitude  and  phase  of  the 
current  L will  depend  .on  the  magni- 
tude of  CgK  and  on  the  vector 
cathode  to  ground  voltage  Es-oni- 
If  the  values  of  At,  Zk,  and  Z„  from 
Eq.  25,  16  and  24  respectively  are 
substituted  in  the  expression  for 
EK-ond,  the  following  expression  re- 
sults : 


gm  (1  + gKRK)Rtqi 
(1  + QkRk)  + JO  — 

W9  . 


1 +ja  — 
b>0 

1 + J (1  + QkRk)  — 

too" 


Qm 


X 


(1  + QkRk)  Rtql 
1 4-  j'(l  + QkRk)  — 


+ (TkRk  Et  

^ (34) 

(1  + QkRk)  + jo  — 

con 

If  the  cathode  compensation  circuit 
of  Fig.  1C  is  used  then  the  same 
equation  holds  with  the  exception 
that  a,a  from  Eq.  31  (Part  I)  should 
be  used  in  place  of  a.  Then 


EK-Ond  = 


QkRkEt 

(1  + +ja«9  — 

COO 


A loop  equation  can  now  be  writ- 
ten for  the  outside  loop  so  that 

Et  — QkRkEt  ^ 

(1  + qkRk)  + jo«B  — 
coo 


— CoCjK  (1  + JO»j ) 

Y = A !f?_(37) 

*eK  Et  a,g  — ^ j‘(l  + QkRk) 

(mJq 

Rationalizing, 


CO 

— 'oCgK  aeg gKRK  + jwCgK 

coo 


K aeg gKRK  + jwCgK  ( Oeg  — ) -f- 

COQ L\  <00/ 

(1  + gjcijjclj 

(^atg  + (1  + gxi?/:)*  (38) 


Therefore 


— UlCgK  ( ~ ) gKRK 

= 7-co\» 

\ wo/  gKRK)' 

CgK  + (1  + gicl2/r)  J 

+ (1  + gx-B/c)* 


As  long  as  Zg  is  capacitive  in 
nature  a,g  will  be  positive  and  the 
input  conductance  due  to  the  grid- 
cathode  capacitance  will  be  nega- 
tive. For  values  of  frequency  at 
which  Zk  is  inductive  in  nature 
becomes  negative  and  therefore 
this  particular  input  conductance 
will  be  positive. 

All  terms  in  the  expression  for 
the  input  capacitance  due  to  the 


FIG.  1 1— Equivalent  amplifier  input  circuit  for  admittance  calculations 


grid-cathode  capacitance  are  essen- 
tially positive  so  that  this  input 
capacitance  will  always  be  positive 
but  will  be  variable  in  magnitude. 

The  total  input  conductance  will 
be  the  sum  of  the  input  conduct- 
ances seen  by  the  three  currents 
and  may  be  either  positive,  zero  or 
negative  depending  upon  the  rela- 
tive values  involved.  In  order  to 
avoid  the  possibility  of  high  nega- 
tive values  of  input  conductance, 
which  might  result  in  oscillations, 
it  is  desirable  to  keep  the  grid- 
cathode  capacitance  as  low  as  pos- 
sible. 

In  a like  manner  the  total  input 
capacitance  will  be  the  sum  of  the 
input  capacitances  seen  by  the  three 
currents.  The  input  capacitance 
due  to  Cgj,  will  tend  to  decrease  with 
increasing  frequencies.  The  input 
capacitance  due  to  CgK  will  be 
C,jr/(1  + OkRk)  at  low  frequencies, 
attaining  a maximum  of  CgK  at  /« 
(when  aeg  = oo)  and  again  decreas- 
ing to  C,jr/(1  + QkRk)  at  very  high 
frequencies.  There  is  a net  tend- 
ency towards  cancellation  of  the 
changes  in  these  two  capacitances  at 
frequencies  below  fa,  although  the 
change  will  be  in  the  same  direction 
at  frequencies  above  fa. 

Experimental  Verification 

Proper  experimental  verification 
of  the  input  admittance  relations 
would  require  that  the  effects  due 
to  the  various  paths  be  measured 
individually  and  then  combined  to 
produce  the  proper  total  value.  The 
only  quantity  that  can  be  deter- 
mined directly  with  any  degree  of 
accuracy  is  the  intrinsic  input  con- 
ductance of  the  circuit.  This  is 
measured  with  a cold  tube  in  the 
socket  since  in  this  case  the  C„  and 
CgK  paths  introduce  practically  pure 
capacitance  as  far  as  the  input 
admittance  is  concerned. 

A separation  of  C,,  and  CgK  from 
all  the  other  capacitances  in  the 
circuit  by  direct  measurement 
would  be  quite  difficult  due  to  the 
possibility  of  multiple  paths  be- 
tween the  various  points.  It  will 
be  noticed,  however,  that  at  the 
frequency  fa  the  input  conductance 
due  to  CgK  is  equal  to  zero  because 
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at  this  frequency  a,,  = oo.  The  re- 
maining input  conductance  must 
therefore  be  the  sum  of  the  in- 
trinsic conductance  and  the  con- 
ductance due  to  Cgf.  Since  the 
intrinsic  conductance  can  be  meas- 
ured directly,  the  difference  be- 
tween the  total  input  conductance 
and  the  intrinsic  conductance,  at 
this  frequency,  will  be  due  solely  to 
the  path  and  therefore  we  can 
solve  for  in  Eq.  32.  Of  course, 
values  of  A and  B in  this  equation 
must  be  determined  in  the  manner 
shown  in  Table  I,  part  I. 

The  input  conductance  due  to  C,, 
can  now  be  computed  for  any  other 
suitable  frequency,  such  as  /ij/2,  at 
which  the  input  conductance  due  to 
CgK  is  relatively  prominent.  If  the 
total  input  conductance  for  this 
frequency  is  measured  and  the 
measured  intrinsic  and  computed 
grid-plate  input  conductances  are 
subtracted  from  it,  the  difference 
must  be  the  input  conductance  due 
to  CgK.  Using  this  difference  and 
Eq.  39  the  capacitance  CgK  can  be 
determined. 

Experimental  data  for  only  two 
frequencies  were  required  to  de- 
termine Cgg  and  CgK,  but  with  these 
values  and  the  experimental  intrin- 
sic input  conductance  the  total 
input  conductance  can  be  computed 
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FIG.  13 — Theoretical  and  experimental 
values  of  input  capacitance 


for  any  frequency.  A measure  of 
the  accuracy  of  the  method  will  be 
the  correlation  between  measured 
and  computed  input  conductance  at 
frequencies  other  than  the  two  used 
to  determine  C„  and  CgK. 

The  curve  for  the  intrinsic  input 
conductance,  shown  in  Fig.  12,  was 
obtained  experimentally.  It  was 
found  to  be  the  same  lor  both  the 
compensated  and  uncompensated 
amplifiers.  At  low  values  of  fre- 
quency it  approaches  2 micromhos 
which  is  the  value  of  the  0.5-meg- 
ohm  grid  leak  resistor  used.  This 
conductance  increases  gradually 
with  frequency,  reaching  approxi- 
mately 24  micromhos  at  10  mega- 
cycles. 

By  the  methods  described  previ- 
ously for  the  compensated  amplifier, 
Cgp  was  found  to  be  0.180  [ifif  and 
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CgK  was  found  to  be  10.0  fifit.  The 
two  smooth  curves  for  input  con- 
ductances due  to  Cgp  and  CgK  were 
computed  using  Eq.  32  and  39  re- 
spectively, and  were  then  combined 
to  obtain  the  theoretical  total  input 
conductance  curve.  Experimental 
values  of  total  input  conductance 
were  also  determined  and  they  are 
shown  by  the  circled  points  on  this 
diagram.  The  correlation  obtained 
is  very  satisfactory  and  it  is  be- 
lieved that  the  values  determined 
for  Cgp  and  CgK  are  quite  accurate. 

The  intrinsic  input  capacitance 
can  be  determined  by  measuring  the 
total  input  capacitance,  at  any  con- 
venient frequency,  and  subtracting 
from  it  the  sum  of  the  input  capac- 
itances due  to  Cgp  and  CgK.  The 
total  input  capacitance  can  then  be 
determined  for  any  frequency  by 
adding  to  the  intrinsic  input  capaci- 
tance the  effective  input  capaci- 
tances due  to  Cgp  and  CgK  at  that 
frequency. 

The  smooth  curves  in  Fig.  13  are 
the  theoretical  input  capacitances 
expected  for  the  amplifier,  both 
compensated  and  uncompensated, 
and  the  circled  and  squared  points 
are  the  corresponding  experimental 
values  obtained.  The  correlation 
appears  to  be  quite  satisfactory. 

The  value  determined  for  the 
intrinsic  input  capacitance  of  the 
compensated  amplifier  was  13.5  (xixf. 
The  various  values  of  capacitance 
determined  are  not  believed  to  be 
typical  of  normal  practice  since  the 
amplifier  used  was  set  up  on  a 
standard  breadboard  used  for  class- 
room demonstration.  Resistors  and 
capacitors  were  connected  to  Fahne- 
stock clips  and  while  reasonable 
care  had  been  e^cercised  in  separat- 
ing the  grid  and  plate  leads  no 
attempt  had  been  made  to  isolate 
the  grid,  cathode,  and  ground  re- 
turn leads.  In  normal  practice  it  is 
doubtful  that  could  be  reduced 
appreciably  but  it  would  probably 
be  reasonable  to  expect  a reduction 
of  2 to  3 in  CgK  and  about  4 
to  5 iifif  in  the  intrinsic  input  capac- 
itance. The  total  input  capacitance 
and  conductance  would  also  be 
modified  correspondingly. 

In  Fig.  14,  the  theoretical  input 


FIG.  12 — ^Input  circuit  conductance  ior  cathode-compensoted  ompliiier 
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Table  II — Sample  Calculations  for  Input  Admittance  of  Compensated 
Amplifier  (Data  Plotted  in  Fig.  12  and  Fig.  13) 


Working  Equations: 

Cf  = Cgp  (1  — A cos  6)  Gi  = uCgp  A sin  6 

gp  OP 

„ _ CgK  [(gdg  Co/ 0)oY  (1  + okEkY]  p _ u CgK  (fleg  to/cOp)  QK^K 

^*bK  ~ (a«,  w/wo)*  + (1  + QkEkY  («««  «/ "o)*  + (1  + QkEkY 

Cl  = Cintrinaic  + C,-  + Cf 

BP  bK 

Gi  = Gintrintie  + Gf  4"  G,- 

BP  aK 

Circuit  Constants  in  Addition  to  Those  in  Table  I: 

Cgp  = 0.180  (Ujuf,  CgK  = 10.0  hijl(,  C Intrintie  = 13.5  fifd 
A„  = 20.8/180° 


Quantity 


to/ tOo 

0. 

03 

0. 

1 

0. 

3 

1.0 

3. 

0 

/(me) 

0 

.106 

0. 

354 

1. 

06 

3.54 

10. 

6 

Gintrintie  (micromhos) 

2, 

,00 

3, 

,00 

5. 

,10 

9.70 

27. 

0 

A 

20. 

8 

20. 

8 

20. 

55 

18.2 

4. 

41 

e 

178. 

,41° 

174. 

71° 

164. 

46° 

124.46° 

77, 

80° 

A cos  6 

-20. 

8 

-20. 

6 

-19. 

8 

-10.3 

+ . 

93 

Cig^  (mmO 

3 

.92 

3 

,89 

3 

,74 

2.04 

.013 

(a«,  to/  too) 

0. 

0681 

0. 

2280 

0. 

,7230 

6.600 

-1. 

,384 

(a«,  to/too)* 

0, 

.0046 

0. 

,052 

0, 

,524 

43.6 

1. 

92 

(ae,to/to<,)*-|-(l  -1-  gREx) 

2. 

,135 

2. 

182 

2. 

654 

45.73 

4 

05 

(a,,  to/ uoY  -i-  (i 

4, 

,545 

4, 

,592 

5. 

064 

48.14 

6 

.46 

C,.  (mmO 

bK 

Ci  iiinT) 

4 

.70 

4 

.75 

5 

,25 

9.50 

6 

,27 

22, 

.12 

22, 

.14 

22. 

.49 

25.04 

19 

.78 

A sin  6 

0 

.576 

1 

.92 

5 

.51 

15.00 

4, 

.31 

G,.  (micromhos) 

0 

.069 

0, 

.769 

6 

.59 

60.1 

51 

,7 

G.-  (micromhos) 

bK 

Gi  (micromhos) 

-0 

.112 

-1 

.245 

-10 

.70 

-34.4 

-t-161 

.2 

1 

.957 

2 

.524 

0 

.99 

35.4 

239 

.9 

conductance  computed  for  the  un- 
compensated amplifier  using  Cgp  = 
0.180  ixixf  is  slightly  lower  than  the 
experimental  values  shown  by  the 
circled  points.  This  discrepancy 
would  have  been  eliminated  if  0.10 
ixixf  had  been  added  to  Cgp  in  com- 
puting the  theoretical  input  con- 
ductance. It  is  entirely  possible 
that  a minor  circuit  rearrangement 
could  have  actually  caused  this 
change  in  capacitance. 

The  input  capacitance  and  input 
conductance  of  the  compensated 
amplifier  do  not  become  undesirably 
excessive  in  any  region  of  the  fre- 
quency range  considered.  Sample 
computations  for  some  of  the  points 
in  Fig.  12  and  13  are  carried  out  in 
Table  II. 

Comparison  With  Other  Circuits 

A basis  of  comparison  among 
different  types  of  video  amplifier 
circuits  can  be  established  on  many 


points,  the  most  important  of  which 
are  probably:  (a)  cost,  (b)  simplic- 
ity, (c)  disturbance  of  normal  cir- 
cuit relations,  (d)  gain,  (e)  fre- 
quency response,  (f)  time  delay, 

(g)  linearity  of  the  output  voltage- 
vs-input  voltage  characteristic  and 

(h)  input  admittance  relations. 
Cathode  compensation  as  developed 
in  this  paper  is  superior  to  other 
circuits  in  most  of  these  aspects 
and  is  comparable  in  the  rest. 

On  a cost  basis,  the  circuit  with 
cathode  compensation  is  not  only 
less  expensive  than  any  other  com- 
pensated circuit  but  is  even  less 
expensive  than  the  ordinary  uncom- 
pensated video  amplifier.  In  an 
ordinary  video  amplifier  a large 
electrolytic  capacitor  is  used  in 
parallel  with  the  cathode  resistor. 
Very  often  this  is  bypassed  by  a 
small  paper  or  mica  capacitor  which 
takes  over  at  the  higher  frequencies 
at  which  the  electrolytic  capacitor 


becomes  very  poor.  With  cathode 
compensation  the  large  electrolytic 
capacitor  is  discarded,  the  small 
capacitor  is  made  the  proper  size, 
and  an  inductor  consisting  of  about 
ten  turns  of  enameled  wire  on  a 
quarter-inch  Bakelite  spool  is  in- 
serted in  series  with  the  small 
capacitor.  A counterbalancing  effect 
might  be  the  necessity  of  increasing 
the  wattage  rating  of  the  load  re- 
sistor but  even  this  will  not  over- 
come the  cost  advantage  of  elimin- 
ating the  electrolytic  capacitor. 

As  far  as  simplicity  is  concerned, 
the  ordinary  shunt-peaking  type  of 
circuit  is  the  only  one  that  compares 
with  cathode  compensation.  All 
other  circuits  require  additional 
elements.  In  the  series  peaking 
circuits  a certain  division  of  the 
stray  capacitance  is  required.  If 
this  is  not  available,  then  the  theo- 
retical curves  are  not  reproduced. 
Sometimes  it  is  necessary  to  insert 
additional  capacitance  in  the  cir- 
cuit in  order  to  obtain  this  proper 
distribution.  This  of  course  will 
tend  to  impair  the  available  fre- 
quency response.  Adding  elements 
in  the  plate  circuit  will  also  tend  to 
increase  the  stray  capacitance 
present.  This  effect  was  noticed 
to  a slight  extent  in  the  experi- 
mental case  discussed  but  need  not 
have  been  present  at  all  if  the 
proper  value  of  resistance  had  been 
available. 

In  all  other  compensating  circuits 
the  impedance  of  the  compensating 
elements  is  of  the  same  order  of 
magnitude  as  the  load  impedance. 
In  the  case  of  the  inductances  this 
results  in  difficulties  due  to  self- 
resonance effects  which  are  norm- 
ally not  taken  into  account.  One 
instance  in  which  this  effect  is 
taken  into  account  is  in  the  im- 
proved shunt-peaking^  circuit.  In 
the  case  of  cathode  compensation 
there  is  never  any  reason  for  con- 
cern over  the  stray  capacitance  of 
the  inductors  or  the  series  induct- 
ance of  the  capacitors. 

On  the  basis  of  gain  from  a cer- 
tain tube  for  a given  frequency 
response,  cathode  ccrmpensation  is 
as  good  as  ordinary  shunt  peaking 
and  improved  shunt  peaking  but  not 


24 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


quite  as  good  as  the  series  peaking 
circuits  which  make  use  of  filter 
circuit  characteristics.  This  how- 
ever is  further  modified  by  consid- 
erations as  to  whether  frequency 
response  is  limited  by  amplitude  or 
time  delay  considerations.  On  an 
amplitude  consideration  basis  the 
series  peaking  circuits  probably 
have  a slight  advantage  over  cath- 
ode compensation  but  this  advan- 
tage disappears  if  time  delay  is 
used  as  the  criterion  of  frequency 
response. 

As  a matter  of  fact,  video  ampli- 
fiers intended  for  television  applica- 
tions continue  to  have  useful  output 
as  long  as  the  time  delay  variations 
do  not  become  excessive.  In  the 
amplifier  of  Fig.  8 the 

variation  in  time  delay  between  the 
valley  and  the  peak  of  the  curve  is 
of  the  order  of  magnitude  of  0.004 
microsecond.  This  represents  a 
horizontal  distance  which  corres- 
ponds to  approximately  one-twen- 
tieth of  the  distance  between  line 
centers  in  a television  picture.  This 
is  certainly  a negligible  variation  in 
time  delay.  The  only  other  circuit 
that  even  approaches  this  constant 
a time  delay  over  such  a large  fre- 
quency range  is  the  shunt  peaking 
compensation  in  which  the  induc- 
tive reactance  at  /.  is  equal  to  35 


FIG.  14 — Input  conductance  versus  fre- 
quency of  uncompensated  amplifier 


percent  of  the  load  resistance. 

On  the  basis  of  linearity  of  out- 
put voltage  for  a given  frequency 
response,  cathode  compensation  is 
superior  to  all  other  circuits  in  the 
middle-frequency  region  and  prob- 
ably as  good  as  any  of  them  at  the 
high-frequency  end  of  the  charac- 
teristic. 

A thorough  comparison  of  the 
input  admittances  of  the  various 
circuits  is  not  possible  because  of 
the  lack  of  data  on  the  other  cir- 
cuits. With  cathode  compensation 
the  input  capacitance  is  slightly 
lower  than  in  the  corresponding 
uncompensated  amplifier.  The  input 
conductance  has  some  elements  that 
tend  to  make  it  negative  and  others 
that  tend  to  make  it  positive.  A 
judicious  combination  of  these  ele- 
ments will  produce  practically  zero 
input  conductance  over  most  of  the 


operating  range. 

All  other  video  amplifiers  are 
limited  in  their  low-frequency  re- 
sponse to  some  extent  by  the 
cathode  bypass  capacitance  used.  In 
the  case  of  cathode  compensation, 
the  circuit  behaves  as  though  the 
original  uncompensated  amplifier 
had  infinite  cathode  bypass  capaci- 
ance.  Of  course  the  screen  bsrpass 
and  coupling  capacitors  still  have 
the  same  effect  as  they  have  in  any 
circuit. 

There  is  a possibility  that  the  in- 
troduction of  additional  elements  in 
the  plate  circuit  might  make  the 
linearity  in  the  high-frequency  re- 
gion comparable  to  that  obtained 
at  middle  frequencies.  This  possi- 
bility has  not  been  investigated  up 
to  the  present  time. 
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Stagger-Peaked  Video  Amplifiers 

Staggered  high-frequency  compensation  of  a video  amplifier  provides  twice  the  signal 
from  a given  amplifier  tuhe  in  the  conventional  shunt-peaking  circuit,  or  permits  use  of 
a tuhe  having  only  half  the  plate-current  consumption 

IT  HAS  BEEN  customary  to  design 
a video  amplifier  so  that  its 
power  output  in  response  to  a sinu- 
soidal input  voltage  is  substantially 
constant  between  a high  and  low 
cutoff  frequency.  If  the  wide-band 
amplifier  is  to  be  used  primarily  for 
sine-wave  work,  or  is  intended  as 
part  of  a general-purpose  oscillo- 
scope, the  conventional  design  pro- 
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cedure^  is  satisfactory  and  econom- 
ical. In  the  case  of  video  amplifiers 
which  are  intended  solely  for  the 
amplification  of  pulses  or  television 
signals,  economies  in  design  can  be 
achieved  by  the  use  of  staggered 
high-frequency  compensation. 

The  realization  of  a desired  am- 
plitude-versus-frequency  character- 
istic by  means  of  stagger-tuning  a 


group  of  individual  cascade  ampli- 
fier stages  is  well  known  when  ap- 
plied to  tuned  amplifiers*.  In  this 
paper,  a similar  general  principle  is 
applied  to  video  amplifiers. 

Characteristics  of  Video  Signal 

Figure  1 shows  two  types  of  sig- 
nals for  which  staggered  high-fre- 
quency compensation  is  suitable. 
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FIG.  2 — Capacitances  and  are  the  FIG.  3 — ^Amplitude  plotted  against  frequency  for  several  combinations  of  stages  using 

result  of  tube  and  circuit  various  values  of  K 


The  series  of  narrow  pulses  in  Fig. 
lA  is  similar  to  those  which  result 
in  the  narrow  wedges  in  monoscope 
test  patterns.  A Fourier  analysis 
of  the  waveforms  of  Fig.  1 indi- 
cates that  while  the  wave  of  voltage 
may  have  a peak  magnitude  of  E, 
volts,  no  one  of  the  spectral  compo- 
nents may  be  that  large;  in  fact, 
the  higher-frequency  components 
become  progressively  smaller. 

In  the  case  of  video  signal  ampli- 
fiers for  television  receivers,  it  is 
customary  to  specify  high-fre- 
quency cutoff  at  about  4 megacycles. 
However,  the  signal-frequency  com- 
ponents near  4 me  have  amplitudes 
which  are  only  a tiny  percentage  of 
Ep.  Therefore,  it  is  not  necessary 
for  the  amplifier  which  drives  the 
picture  tube  grid  to  deliver  equal 
power  throughout  the  entire  fre- 
quency spectrum. 

Most  of  the  signal  energy  is  con- 
centrated at  the  low  and  middle 
portions  of  the  spectrum  and  very 
little  is  ordinarily  found  near  the 
upper  end  of  the  band.  The  small 
components  require  equal  amplifica- 


tion with  the  lower-frequency  com- 
ponents, but  do  not  require  as  large 
plate-current  swings. 

Characteristics  of  Output  Stage 

The  foregoing  qualitative  consid- 
erations indicate  that  an  amplifier 
which  has  constant  small  signal 
gain,  but  a falling  power-handling 
capacity  with  frequency,  will  pro- 
duce a satisfactory  picture  on  the 
cathode-ray  tube.  This  principle 
when  applied  to  the  output  stage  of 
a video  amplifier  intended  for  tele- 
vision or  pulse  signals  enables  the 
use  of  an  output-tube  plate  load  re- 
sistor of  at  least  twice  the  size  of 
that  dictated  by  the  conventional 
design  procedure. 

The  proposed  approach  makes  it 
possible  to  obtain  at  least  twice  as 
much  signal  from  a given  amplifier 
tube,  or,  for  a given  video  signal 
output,  to  use  a tube  having  at  least 
half  the  plate-current  consumption. 
The  resultant  cost  of  a pulse  oscil- 
loscope or  of  a television  receiver 
might  therefore  be  reduced  by  a 
significant  amount  with  no  sacrifice 
in  performance. 


Design  of  Video  Circuits 


An  analysis  has  been  made  of  a 
pair  of  video  amplifiers  employing 
shunt-peaking  compensation  and 
embodying  the  proposed  design 
principles.  Consider  the  circuit 
shown  in  Fig.  2.  The  gain  of  this 
amplifier  at  low  frequencies  (neg- 
lecting the  effects  of  coupling  and 
screen  bypass  capacitors)  is 
A = R\Oml  * RtOmt  (1) 

where  Ri  and  iZ*  are  plate  load  re- 
sistances and  Gmi  and  are  tube 
transconductances. 

At  any  frequency 


A^ZiQp.i^Z^na  (2) 

At  a particular  frequency,  /„  desig- 
nated as  the  cutoff  frequency,  the 
magnitude  of  the  plate  load  imped- 
ance (|Z|)  may  be  made  equal  to 
R,  the  load  resistor,  when 
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Substituting  into  Eq.  5 gives 


Z' 


(6) 


A * « 


from  which 

I I = « (7) 

Equation  7 shows  that  the  gain 
of  the  stage  at  the  cutoff  frequency 
is  independent  of  the  value  chosen 
for  K,  subject  to  the  limitations 
set  forth  in  Eq.  3 and  4. 

If  we  now  set 


Ri'  = KiRi]  Ri'  = K^Ri)  = 1/ K2  (8) 

the  overall  gain  at  low  frequencies 
of  the  two  stages  is 

■4r  = ■ Vr*  Omi  • RiKiOmi  = 

(9) 

RlOtnl  * Riffmi 


and  the  high-frequency  (/»)  gain  is 
the  same. 

The  analysis  to  this  point  has 
shown  that  if  the  size  of  the  output 
load  resistor  is  multiplied  by  a 
factor  Ki  and  the  size  of  the  input 
stage  load  resistance  is  multiplied 
by  Ki  = l/Ks,  the  amplifier  will 
have  the  same  gain  at  low  fre- 
quencies and  at  cutoff  frequency  as 
an  amplifier  designed  in  the  con- 
ventional manner  (Ki  = Ka  = 1). 
The  values  of  compensating  induc- 
tance and  circuit  capacitance  are 
identical  in  both  types  of  designs. 

There  is  no  change  in  the  overall 
gain,  but  it  is  possible  to  drive  the 
amplifier  to  twice  the  signal  power 
output  without  overload  when 
Ki  = 1/2,  Ke  = 2.  The  first  stage 
pre-emphasizes  the  higher-fre- 
quency components  to  compensate 
for  the  tendency  of  the  second  stage 
to  drop  off  with  frequency. 


Overall  Response 


The  general  frequency  response 
and  time-delay  characteristic  for 
the  above  circuits  are  of  interest. 
The  impedance  in  the  plate  circuit 
of  either  video  amplifier  is 

I z |*  = ^ + (10) 

' ' 1-  !gcJ‘LC  -f  + O^C^R^  ^ 


The  stated  conditions  for 
sation  are: 

<Oc  = 2ir  fe 

R =-JL- 

^ WcC 

from  which 

LC  = wcV2 


compen- 


(11) 


(12) 


FIG.  4 — Curve  A shows  the  overall  re- 
sponse of  four  stages,  each  having  different 
values  of  K.  Curve  B c^plies  to  four  stages, 
each  having  K — 1 

^ “ 2«,*C 

1 

“ 

2u,C 

The  generalized  dimensionless  im- 
pedance function  is 
(I  Z I a.*0*  = 

(co/u,cy  + (m/coc)*  (4X»  - 4)  -f  4 
The  phase  angle  may  be  determined 
from 

d *=  arc  tan  o)/R  [L  (1  — w*LC  — CR?]  (14) 
Substituting  the  design  criteria  for 
L,  C,  and  R gives 

, , , r2  - («/«e)*  - 4X»T 
«=  arc  tan  (w/w*)  I J 

(16) 

and  «.l  = (2x/360“)  (0/«/«.)  (16a) 

The  normalized  impedance  func- 
tion of  a two-stage  video  amplifier 
designed  in  the  conventional 
fashion  (Xi  = Kt  = 1)  is  plotted  in 
Fig.  3,  curve  A.  The  correspond- 
ing impedance  functions  for  stages 
having  Kx  = 1/2  and  Ka  = 2 are 
shown  in  curves  B and  C,  the  com- 
posite of  the  two  stages  results  in 
curve  D. 


Note  that  in  comparing  the  am- 
plifiers whose  responses  are  shown 
in  curves  A and  D,  the  response  in 
the  specified  pass  band  is  nearly  the 
same  for  both,  while  the  amplifier 
for  which  Kx  = 1/2,  Ka  = 2 dis- 
plays a greater  bandwidth.  The 
8-db  po(:it  in  this  case  occurs  when 
(i)/a>„  equals  1.64  compared  with 
1.46.  This  increase  in  bandwidth 
indicates  that  for  equal  band  widths 
the  amplifier  with  staggered  com- 
pensation may  be  expected  to  give 
approximately  20  percent  more  gain 
than  the  conventional  -shunt-peaked 
circuit. 

If  a four-stage  amplifier  is  set 
up,  with  Ki  = 1,  Ka  = 1,  Ka  = 1/2, 
Ka  = 2,  the  composite  character- 
istic would  be  as  in  Fig.  4.  Re- 
sponse of  a conventional  four-stage 
amplifier  in  which  X = 1 is  shown 
by  curve  B of  Fig.  4. 

The  time-delay  characteristic  for 
each  type  of  amplifier  may  be  de- 
duced from  Fig.  5. 

The  circuit  chosen  for  the  above 
analysis  was  selected  not  for  its 
excellence  as  a video  amplifier  but 
rather  for  the  ease  and  simplicity 
of  analysis  and  demonstration.  The 
method  may  also  be  applied  to  most 
other  t5T)es  of  high-frequency  com- 
pensation networks,  perhaps  with 
a bit  more  mathematical  difficulty. 

It  has  been  shown  in  a qualitative 
manner  than  factors  of  Ki  = 1/2 
and  Ka  = 2 should  produce  no  dis- 
cernible deterioration  of  amplifier 
performance  principally  because  the 
high-frequency  components  have 
relatively  small  amplitudes.  Ex- 
periment indicates  that  values  of  K 
larger  than  2 may  be  used,  but  the 
author  has  made  no  extensive 
mathematical  study  of  this. 

Further  Applications 

An  interesting  consequence  of 
Eq.  7,  which  shows  that  the  gain 
of  an  amplifier  stage  at  a frequency 
fc  may  be  independent  of  the  value 
of  load  resistance,  is  in  the  use  of 
the  circuit  as  a phase  shifter. 

While  the  gain  of  the  circuit  at 
f,  does  not  chan^  as  R is  varied, 

the  phase  shift  certainly  does.  This 
can  be  seen  from  study  of  Eq.  15. 
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FIG.  5 — Tim*  delay  of  the  Tideo  amplifiers  plotted  agoixuit  frequency 


Let  K be  equal  to  zero  (72  = 0)  and 
(o/coc  = 1,  then  0 becomes  plus  90 
degrees.  If  K becomes  very  large 
(72  approaches  infinity)  0 ap- 
roaches  minus  90  degrees.  Thus  a 
variation  in  72  can  produce  a phase 
shift  which  lies  between  plus  or 
minus  90  degrees.  The  phase  shift 
is  equal  to  zero  when  K is  1/2. 

Figure  6 is  a plot  of  0 versus  K 
and  illustrates  the  use  of  this  cir- 
cuit as  a constant-amplitude  phase- 
shift  network.  To  obtain  a variable 
phase  shift  of  n tc  radians,  it  is  only 
necessary  to  cascade  n identical 
stages. 
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Stagger-Tuned  l-F  Design 

Chart  gives  overall  bandwidth  for  3 db  and  any  fraction  of  3 db,  for  i-f  amplifiers 
having  1 to  500  synchronous  or  stagger-tuned  stages  and  up  to  5 elements  per  stage 


By  MATTHEW  T.  LEBENBAUM 


The  bandwidth  reduction 
factor  72  is  here  plotted  as  a 
function  of  the  number  of  single 
or  multituned  stages  n in  the 
amplifier.  The  family  param- 
eter m represents  the  number  of 


tuning  elements  in  the  interstage 
coupling  network  when  all  stages 
are  synchronously  tuned;  thus, 
m = 1 for  a simple  RLC  tuned 
interstage,  and  m = 2 for  a 
double-tuned  interstage.  For  a 


stagger-tuned  amplifier,  n is  the 
number  of  w-uples  and  w is  the 
number  of  elements  in  the  gen- 
eral w-uple. 

Example  l : Assume  an  ampli- 
fier is  to  have  8 stages  using 
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identical  single-tuned  interstage 
couplings,  (a)  For  what  3-db 
bandwidth  must  each  stage  be 
designed  if  the  overall  bandwidth 
is  to  be  6 me?  (b)  What  will  be 
the  0.5-db  bandwidth? 

Solution,  (a)  From  the  curves 
for  w = 8 and  m = 1,  R = 0.3. 
Dividing  overall  bandwidth  of  6 
me  by  this  value  of  R gives  20 
me  as  the  required  bandwidth  of 
each  stage,  (b)  If  n'  stages 
cascaded  give  a certain-  3-db 
bandwidth,  each  stage  must  be 

down  by  3/w'  db  and  n of  them 
will  be  down  (3/n')  n = a;  db  at 
that  bandwidth.  To  determine 
the  a:-db  bandwidth  then,  the 
R factor  is  determined  for  a 
number  of  stages  w'  where  n'  = 
n (3/a;) ; here  n is  the  actual 
number  of  stages  and  a;  < 3 db. 
In  the  case  at  hand,  n'  = S x 
(3/0.5)  = 48,  and  R = 0.12 


from  the  chart.  The  0.5-db- 
down  bandwidth  then  is  0.12  x 
20  or  2.4  me. 

Example  2:  An  amplifier  is 
to  be  built  with  an  overall  band- 
width of  20  me  and  overall  gain 
of  80  db;  6AK5  tubes  are  used 
with  an  assumed  gain-bandwidth 
product  (gm/2n  Cr)  of  70  me. 
(a)  What  is  the  minimum  stag- 
gering required  to  achieve  this 
result  with  12  or  less  tubes?  (b) 
If  equally  loaded  double-tuned 
circuits  were  used  (gain-band- 
width  = V2  p„/2irCr),  how 
many  stages  would  be  required? 

Solution,  (a)  Assume  a value 
of  n,  and  determine  R from  the 
curve.  This  fixes  the  single-stage 
bandwidth  required.  From  this, 
the  gain  per  stage  may  be  calcu- 
lated from  the  gain-bandwidth 
product,  and  from  this  the  over- 
all gain.  It  will  be  found  that  it 


is  impossible  to  achieve  the  de- 
sired gain  with  a synchronous 
single-tuned  amplifier.  Twelve 
stages  arranged  in  six  staggered 
pairs  will  not  give  the  desired 
gain,  either,  but  9 stages  ar- 
ranged in  triples  or  8 in  quad- 
ruples will.  Possible  systems  are: 


n/m 

Tubes 

db  gain 

6/2 

12 

75.6 

3/3 

9 

80.5 

4/3 

12 

102 

2/4 

8 

80 

(b)  12  double-tuned  interstages 

give  R = 

0.49  (TO  = 12, 

w = 2). 

The  overall  gain  then  is 

1 91.6  db 

for  the  desired  bandwidth.  This 
illustrates  the  superiority  of 
multituned  coupling  over  the  cor- 
responding order  of  staggering 
(91.6  db  versus  75.6  db  for  the 
same  number  of  staggered-pair 
tubes).  Increasing  the  stagger- 
ing to  triples  makes  staggering 
still  better,  102  db. 


Modified  Wallman  Circuit  with  Voltage 

Feedback 


This  is  a report  of  a new  low-noise 
amplifier  circuit.  The  second  stage 
of  the  Wallman  circuit,  which  is  a 
current-feedback  amplifier,  can  be 
replaced  by  a voltage-feedback  amp- 


By  SHIGEO  SHIMIZU 

lifier,  to  form  a more  convenient 
circuit.  This  circuit  was  devel- 
oped during  a study  of  a low-noise 
i-f  amplifier  of  a microwave 
receiver. 


For  this  purpose,  the  Wallman 
circuit  (Fig.  1)  was  generally  used 
for  its  superiority  in  terms  of 
noise-figure ; but  it  has  some  disad- 
vantages, such  as  difficulty  of  ad- 
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FIG.  1 — Normal  WoUmon  circuit  with 
current  feedback  in  eecond  stage 


justment,  and  inconvenience  due  to 
the  floating  cathode  of  the  second 
stage  tube. 

The  operating  expression  of  the 
second  stage  of  the  Wallman  circuit 
is  as  follows: 

ija  = gmi  (eia  + ija  Zu) 

ifii  (1  ~ fftni  Zia)  = gm2  eia 

. ^ gmi  eta  ^ eg  _ 
1-g^Zii  - Zu 

jZia  gmi  Cgi)  + E„a 

Zki 

.*.  ep2  = Zptift  =3 Zpt gmi tgi  + 

From  these  equations  the  facts 
are  clear  that,  the  second  stage  of 
the  Wallman  circuit  is  a current 
feedback  amplifier  and  this  stage 
has  lower  input  impedance  and 
lower  noise  output  than  a normal 
grounded-cathode  amplifier.  It  was 
decided  to  try  voltage  feedback  in 
the  second  stage  to  achieve  the  same 


benefits  that  are  obtained  in  the 
Wallman  circuit  through  the  use  of 
current  feedback.  The  resulting 
circuit  (Fig.  2)  has  the  advantage 
of  a grounded  cathode  in  the  second 
stage  and  easier  adjustment  due  to 
the  use  of  a pentode.  The  operat- 
ing expressions  are  as  follows: 

(1)  Without  feedback 

Cpl  = Zpi  ffml  {E,  + -Bwl) 
ept  = Zja  gmt  («j»i  *{■  !?■») 

— Zpt  gna  {Zpn  gmt  {E,  -F  JBia)  -|-  £«i[ 

(2)  With  feedback 

€pt  — 6pi/Zpi  gmx  = {E,  E^ 

*pJZp\  Qml  — Zpt  Qma 


where  the  mean  square  of  E,, 


FIG.  2 — ^Modified  Wallman  circuit  per- 
mits grounding  of  second-stage  cathode 
and  offers  several  other  advantages 


E^  = 4.k  TP 

For  the  conditions  studied — center 
frequency  50  me,  and  a 6AK5  tube 
connected  as  pentode 

En^  = AkT  p (4,300) 

The  converted  value  of  this  to  the 
first  tube  grid  is 

By  comparison  of  these  expressions 
and  expressions  of  normal  Wallman 
circuit,  it  is  evident  that  this  cir- 
cuit has  an  equal  noise  figure  for 
the  case  where 

and  in  addition  to  that,  this  circuit 
provides  easier  adjustment. 

Result  of  the  Experiment 

In  experimenting  with  this  cir- 
cuit for  examination  of  the  fore- 
going theory,  it  was  found  that  this 
circuit  (with  a center  frequency  of 
52  me,  bandwidth  of  10  me,  and  em- 
ploying a 6AE5  tube)  had  a noise 
figure  of  1.9,  as  compared  to  2.04 
for  the  normal  Wallman  circuit. 


Simplified  Q Multiplier 

Portion  of  cathode-follower  output  is  stepped  up  by  passive  components  and  fed  back  to 
grid  of  tube  to  give  extremely  high  selectivity  with  absolute  stability.  Extra  parts  needed 

are  one  tube,  one  capacitor  and  two  resistors 

By  H.  E.  HARRIS 

WITH  THE  EISE  of  radio  naviga-  with  the  tuned  circuit  it  uses,  it  be  an  entirely  practical  method  of 
tion,  c-w  radar,  and  other  seems  logical  that  one  solution  to  raising  the  Q of  a tuned  circuit, 
systems  requiring  maximum  signal-  the  problem  would  be  the  use  of  an  Ohm’s  law  holds  exactly  for  a nega- 
to-noise  ratio,  there  have  grown  up  active  network  to  supply  energy  to  tive  resistance  element,  except  for 
in  recent  years  a large  number  of  the  system  according  to  exactly  the  sign  change,  so  it  is  possible  to 
applications  for  amplifying  systems  same  laws  by  which  the  resistance  treat  it  exactly  as  any  other  cir- 
of  very  narrow  bandwidth.  Since  dissipates  it,  so  that  some  of  the  cuit  component,  even  to  the  extent 
the  basic  limitation  on  the  narrow-  effect  would  be  cancelled  out.  of  combining  it  with  the  positive 

ness  of  bandwidth  which  can  be  The  use  of  such  active  networks,  resistances  in  the  circuit, 
obtained  in  an  ordinary  tuned  am-  known,  for  obvious  reasons,  as  Consider,  for  instance,  a tuned 
plifier  is  the  resistance  associated  negative  resistances,  turns  out  to  circuit  having  an  equivalent  par- 


30 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


allel  resistance  R.  The  initial 
value  for  Q would  be 


and  suppose  there  is  put  in  parallel 
with  this  tuned  circuit  an  active 
network  having  a negative  resis- 
tance characteristic.  The  negative 
resistance  can  be  combined  with  the 
positive  resistance  of  the  circuit  by 
the  usual  laws  of  combination  of 
parallel  resistances  to  give  the 
following  relationship  for  R,ff: 


R^tt 


{-Rn)R 


R Rn 


(2) 


(-Rn)+R  Rn-R 
which  is  obviously  greater  than  the 
original  R,  corresponding  to  a 
multiplication  of  the  original  Q by 
a factor  equal  to  the  ratio  of  the 
two.  resistances.  In  other  words 


Quit  _ Rn 
Qo  Rn~  R 


(3) 


This  Q multiplication  can  be  made 
arbitrarily  large  by  simply  letting 
Rn  approach  R. 


Practical  Systems 

A number  of  systems  have  been 
used  to  secure  this  negative  resist- 
ance characteristic,  such  as  secon- 
dary emission  in  a tetrode  (dyna- 
tron)^  or  the  formation  of  a virtual 
cathode  between  screen  and  sup- 
pressor (transitron)®.  By  far  the 
most  satisfactory  method  to  date, 
however,  has  been  the  use  of  posi- 
tive feedback  around  a vacuum-tube 
amplifier.®’*  This  basic  method  is 
used  in  the  new  circuit  proposed 
here. 

Consider  an  amplifier  of  gain  A 
and  internal  resistance  R^  such  as 
is  represented  schematically  in  Fig. 
lA,  and  assume  that  positive  feed- 
back is  introduced  through  the  re- 
sistor Rf. 

Under  the  assumption  that  the 
input  resistance  of  the  amplifier  is 
so  high  compared  to  the  other  cir- 
cuit resistances  that  it  may  be  neg- 
lected— a condition  easily  realizable 
in  practice — Kirchhoif’s  voltage  law 


The  author  is  now  with  Maarnetlc  De- 
vice Section,  Control  Divisions,  General 
Electric  Co.,  Schenectady,  New  York. 
Work  described  was  done  at  MIT  Research 
Laboratory  of  Electronics  under  U.  S. 
Navy  Bureau  of  Ordnance  contract  Nord- 
9661. 


can  be  applied  to  yield  the  following 
equation 

Cl  = iiRf  4-  iiRi  -j-  Aei  (4) 

which  can  be  rearranged  to  yield 


R/  Ri 
A - 1 “ 


(5) 


where  Zi  is  simply  the  effective  in- 
put impedance  of  the  circuit. 

This  effect  is  the  basis  for  the  in- 
creased selectivity  of  the  ordinary 
regenerative  amplifier  or  detector. 
Such  a regenerative  circuit,  how- 
ever, lacks  the  important  character- 
istic of  stability.  Referring  to  Eq. 
3 it  is  seen  that  appreciable  multi- 
plication of  the  Q is  to  be  had  only 
when  R„  is  very  nearly  equal  to  R. 
Therefore  it  takes  only  a very  slight 
percentage  change  in  Rn,  such  as 
would  be  caused  by  variations  in 
plate  supply  voltage,  to  cause  the 
two  resistances  to  become  equal, 
the  Q and  impedance  level  to  go  to 
infinity,  and  oscillations  to  ensue. 

One  way  to  resolve  this  difficulty 
is  to  use  a highly  stabilized  ampli- 
fier for  the  active  element  so  that 
changes  in  electrode  voltages  and 
other  random  variations  will  have 
little  effect  upon  the  gain,  and  hence 
upon  the  negative  resistance  which 
is  produced.  Both  Terman*  and 
later  Gihzton*  have  considered  in 
some  detail  one  such  circuit  utiliz- 
ing a highly  stabilized  two-stage 
amplifier.  It  is  the  purpose  of  the 
present  paper  to  describe  a much 
simpler  circuit  which  achieves 
essentially  the  same  results  with 


only  a single  stage.  The  basis  of 
this  circuit  is  the  cathode  follower. 
It  has  power  gain,  correct  phase  re- 
lation, and  it  has  very  high  stabil- 
ity. But,  it  has  less  than  unity  gain. 
Fig.  IB  shows  that  this  drawback 
can  be  eliminated  by  a passive  gain 
element,  a transformer.  The  evo- 
lution from  this  circuit  to  the  prac- 
tical ones  is  shown  in  Fig.  1. 

Stability  Considerations 

The  most  serious  factor  limiting 
the  applicability  of  any  positive 
feedback  circuit  is  the  stability. 
Ginzton*  described  a two-tube  cir- 
cuit; a more  general  derivation  fol- 
lo\ys: 

Consider  the  circuit  shown  in 
Fig.  IF  in  schematic  form.  Note 
that  in  the  special  case  where  Ci  = 
00  and  A'  > 1,  this  circuit  reduces 
to  the  type  of  system  considered  by 
Gizton,  while  when  Ci  ^ oo,  A'  < 

1,  it  represents  the  new  circuit  of 
Fig.  IE. 

The  gain  of  any  feedback  ampli- 
fier can  be  represented  by  the 
equation 


In  the  present  case,  the  gain  of 
primary  interest  is  not  that  of  the 
tube  itself,  but  rather  that  from 
points  X-X  (Fig.  IF)  to  the  tube 
grid  and  through  to  the  output  at 
the  cathode.  This  gain  is  the 
product  of  the  active  gain  A'  and 
what  might  be  called  the  passive 


FIG.  1 — Simplified  circuits  showing  evolution  of  single-tube  Q multiplier 
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FIG.  2 — Curves  show  selectivity  obtainable  with  Q multiplier.  ICgher  Q values  were 
not  tested  becaiue  of  measurement  equipment  limitations 


gain  a,  or  gain  contributed  by  the 
tapped  tuned  circuit 


. aK 

(7) 

where 

Qj  + Cl 

(8) 

““  Cl 

At  this  point  the  assumption  is 
made  that  the  output  impedance  of 
the  amplifier  is  negligible  with  re- 
spect to  the  feedback  resistor  Rf. 
This  is  reasonable  for  an  amplifier 
stabilized  with  a high  degree  of 
negative  feedback.  Equation  5 for 
the  negative  resistance  developed 
across  terminals  X-X  then  reduces 
to 


- a. (9) 

or,  substituting  from  Eq.  7 for  the 
actual  gain  of  the  circuit 


Rf(X~  PK) 
a ^ K 


(10) 


Passing  over  the  details  of  the 
derivation,  it  may  be  said  that  this 
equation  is  now  differentiated  parti- 
ally with  respect  to  the  no-feedback 
gain  K,  simplified,  and  rearranged 
to  yield  an  equation  relating  the 
fractional  change  in  the  negative 
resistance  produced  to  the  frac- 
tional change  in  the  no-feedback 
gain.  That  is,  an  equation  of  the 
form 


bRn  1 BK 

Rn  ^ h K 


(11) 


tern.  In  this  case  the  stability 
coefficient  is 

^ (1- W[(o-|-;8)g-l) 
aK 

It  is  apparent  that  one  would  like 
to  make  the  magnitude  of  this  sta- 
bility coefficient  as  large  as  possible. 
The  maximum  possible  value  is 
found  by  differentiating  again  with 
respect  to  a convenient  parameter 
— in  this  case  — and  setting  the 
derivative  equal  to  zero.  The  opti- 
mum value  of  turns  out  to  be 

/3opt  = - [— j ^ J (13) 

The  corresponding  value  of  the 
stability  coefficient  is 

Aopt (14) 

It  is  now  a simple  matter  to  de- 
termine the  optimum  operating 
conditions  for  the  circuit 

/3opt=  -1  (16) 

kept  — ~ K/i  ^ (16) 

The  stability  of  the  negative  re- 
sistance is  merely  incidental  to  the 
matter  of  prime  concern — the  sta- 
bility of  the  effective  Q.  The  above 
results  can  be  related  to  the  Q 
stability  by  beginning  with  Eq.  3 
and  employing  much  the  same 
process  of  differentiating  (this 
time  with  respect  to  Rn)  and  simpli- 
fying as  in  Eq.  10.  The  result  is 

r BRn 

<3.//  L Oo  J 

Or,  combining  the  two  equations 


A number  of  interesting , facts 
are  apparent  from  this  expression: 
(1)  The  stability  is  independent  of 
the  absolute  value  of  initial  Q.  It 
is  then  just  as  easy  to  multiply  Q 
from  100  to  1,000  as  from  10  to  100. 
Thus  it  is  important  to  begin  with 
as  high  a Q as  possible  to  gain  max- 
imum stability.  (2)  The  stability 
is  independent  of  the  frequency,  so 
that  the  circuit  can  be  used  to  mul- 
tiply Q anywhere  in  the  spectrum 
where  the  stated  assumptions  can 
be  met.  (3)  The  higher  the  Q 
multiplication,  the  lower  is  the  sta- 
bility. For  high  multiplications 
this  is  approximately  an  inverse 
relation.  (4)  The  stability  in- 
creases in  direct  proportion  to  the 
no-feedback  gain. 

Another  Stability  Criterion 

It  seems  logical  to  set  up  as  an 
important  design  criterion  of  a 
narrow-band  amplifier  circuit,  the 
amount  of  change  in  the  no-feed- 
back  gain — that  is,  the  change  in 
the  g„  with  electrode  voltage 
changes,  aging,  and  other  possible 
circuit  variations — ^which  can  be 
tolerated  without  causing  the  sys- 
tem to  break  into  oscillation. 

As  a starting  point,  consider 
again  Eq.  3 for  the  Q multiplica- 
tion, and  solve  this  equation  for  Rn 

Qatt 

Rn’^R-^ (19) 

Vefi  __  , 

<2o 

From  Eq.  3 it  is  apparent  that 
the  point  at  which  oscillations  begin 
will  be  that  point  where  Rn  becomes 
equal  to  R.  Therefore  if  R is  sub- 
tracted from  the  above  expression 
for  Rn,  the  result  will  be  the  abso- 
lute value  of  the  change  in  jB„ 
which  can  be  tolerated  without 
causing  oscillations.  This  can  then 
be  divided  by  J?„,  to  yield  the  frac- 
tional change  in  Rn  which  can  be 
tolerated 


R 


or,  making  use  of  Eq.  19  again 


where  the  factor  k might  be  called 
the  stability  coefficient  of  the  sys- 


BQeit  r Qait 

Qatt  L Qo 


2 BK 
K K 


(18) 


toler»bl« 


Qo 


Qatt 


(21) 
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But  here  again  the  negative  re- 
sistance is  merely  a derived  char- 
acteristic of  the  circuit.  What  is 
really  wanted  is  the  permissible 
change  in  the  no-feedback  gain  K. 
It  is  apparent  from  the  optimum 
operating  conditions  which  were  de- 
rived, and  from  Eq.  10  that  the 
negative  resistance  can  be  repre- 
sented as 

= «/  ( ^ 1 1 -)  (22) 

Then  if  Rnx  represents  the  value 
of  the  negative  resistance  at  some 
particular  chosen  operating  point 
of  the  circuit  and  Rnc  the  critical 
value  of  negative  resistance  at 
which  oscillations  occur,  Eq.  21 
above  can  be  rewritten 


\ tin  / tolerabto  tCnX  Vnlt 

Substituting  from  Eq.  22  and  simp- 
lifying, this  becomes 


■finl  ■fina  

Jinl 

2 (K,  - Kx) 
KiK,  - Kx  + K,- I 


(24) 


where  Kxi&  the  no-feedback  gain  at 
the  particular  operating  point 
chosen  above,  and  Kc  is  the  no-feed- 
back  gain  at  the  critical  point. 

Now  let  K,  = Kx  + ts.K.  Then 


RfiiL  Rn»  

Rm 

2A  K 

Kx'+  Kx£^  K + 6.  K -I 


(26) 


which,  by  Eq.  21  is  equal  to 

Qntt 

Equating  and  solving  for  AX  gives : 


AK  = 


2Qm 

Q> 


Ki'  - 1 
- - (Xi  + 1) 


(28) 


If  this  equation  is  now  divided 
by  Ki  the  result  is  the  fractional 
change  in  no-feedback  gain  K 
(~9mRi,)  which  can  be  tolerated 
without  oscillations 


In  practice,  K is  almost  always 
kept  much  larger  than  1,  and  the  Q 
multiplication  much  larger  than  a 
half,  so  that  a somewhat  simpler 


working  formula  may  be  obtained: 


2 


This  is  a most  interesting  expres- 
sion. For  suppose  that  at  some 
particular  operating  point  a 

Qntt  ^ K I 
On  a 2 la  (29) 

The  above  equation  then  goes  to  in- 
finity, signifying  an  infinite  change 
in  K necessary  to  cause  oscillation. 
Further,  supjwse  that 


<?. 


<h 


(30) 


Then  the  fractional  change  in  K 
necessary  to  cause  oscillations  is  a 
negative  number  greater  than  1. 
But  this  would  require  a negative 
gain,  which,  of  course,  is  impossible 
in  a vacuum-tube  amplifier.  It  can 
be  concluded,  therefore,  that  if  at 
any  operating  point,  the  condition 


Q»tt  I = K (31) 

Qo  I a 2 a 

is  met,  or,  in  other  words  if  the 
circuit  constants  are  adjusted  so 
that  the  no-feedback  gain  K 
(z=g„R^)  is  always  greater  than 
twice  the  degree  of  Q multiplication 
which  is  desired,  there  will  be  no 
chance  of  the  circuit  breaking  into 
oscillation  no  matter  how  much  the 
Pm  of  the  tube  may  change  with 
aging,  changes  in  electrode  voltages, 
shock  and  so  on. 

Here,  then,  is  the  fundamental 
contribution  of  this  new  circuit. 
Without  any  substantial  increase  in 
the  complexity  over  the  ordinary 
regenerative  system,  it  has  made 
possible  attainment  of  arbitrarily 
high  Q multiplications,  while  at  the 
same  time  retaining  the  absolute 
stability  of  the  ordinary  amplifier. 


Practical  Circuit 

It  is  not  possible  to  set  down  any 
hard  and  fast  rule  as  to  the  magni- 
tude of  the  gmR*  product  which 
may  be  obtained.  Experience  has 
shown,  however,  that  with  a 6AK5 
and  a supply  voltage  of  200  volts, 
values  of  about  100  are  easily  at- 
tainable. With  higher  supply  volt- 


ages, correspondingly  higher  values 
of  the  g„Rn  product  may  be  realized. 

Now  suppose  that  a relatively 
modest  degree  of  Q multiplication — 
say  10 — is  all  that  is  wanted.  (This 
still  will  allow  Q’s  of  the  order  of 
2,000  to  3,000  if  a good  coil  is  used). 
The  above  equations  then  become 

(%  change  in\  i /%  change  m\ 

Qett  ) ~ R a \ / 

' 5.6  ^ ' (32) 

Oscillation  impossible 
In  other  words,  the  percentage 
change  in  the  Q is  only  approxi- 
mately a sixth  of  the  percentage 
change  in  the  Pm  which  caused  it, 
and  it  will  be  impossible  to  cause 
the  circuit  to  oscillate  no  matter 
how  much  the  Pm  may  change  with 
shifts  in  plate  voltage  and  other  cir- 
cuit parameters. 

Even  for  the  relatively  high  Q 
multiplication  of  100,  which  would 
correspond  to  possible  ^'s  of  the 
order  of  30,000,  stability  is  excel- 
lent. 

(%  change  in  Q,tt)  = 2 (%  change  in  g^) 

(33) 

100%  change  in  g„  to  cause  oscillation 

This  is  still  well  within  the  prac- 
tical range  of  operation,  if  a power 
supply  of  any  reasonable  regula- 
tion is  used. 

Experimental  Results 

The  curves  of  Fig.  2 show  the 
results  obtainable  from  a typical 
circuit  of  this  new  type.  These 
curves  were  taken  by  applying  a 
variable-frequency,  constant-volt- 
age signal  to  the  Q multiplier  cir- 
cuit through  an  isolating  stage  and 
measuring  the  output  voltage  as  a 
function  of  the  frequency.  The  no- 
feedback curve  is  a plot  of  output 
voltage  versus  frequency  when  the 
feedback  circuit  was  opened,  or 
when  Rf  = CO  and  the  circuit  was 
operating  as  an  ordinary  cathode 
follower.  The  other  curves  show 
the  effect  of  reducing  the  feedback 
resistor  closer  and  closer  to  the 
critical  value  of  29,300  ohms.  The 
maximum  Q value  of  16,000  shown 
was  by  no  means  the  limit  obtain- 
able with  the  circuit.  There  was 
simply  no  measuring  equipment 
available  precise  enough  to  allow  a 
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reliable  set  of  data  to  be  taken  for 
higher  Q’s. 

Theory  indicates  that  the  shape 
of  the  response  curve  should  be  un- 
altered by  the  Q multiplication. 
This  was  checked  by  plotting  data 
taken  for  several  values  of  multi- 
plication on  the^same  graph  as  the 
universal  resonance  curve.  In  every 
case  the  results  were  identical.  This 
means  that  these  circuits  may 
profitably  be  cascaded  or  staggered, 
using  the  identical  means  of  calcu- 
lation as  for  ordinary  resonant 
circuits. 

Experiments  have  verified  the 
two  stability  relations.  In  both 
cases,  the  stability  turned  out  to 
be  slightly  higher  than  predicted. 

Practical  Suggestions 

For  the  convenience  of  the  de- 
signer, it  might  be  well  here  to  sum- 
marize a few  practical  hints  which 
have  been  discovered  in  the  course 
of  working  with  this  circuit.  First 
of  all,  for  reference,  the  actual  cir- 


(B) 


FIG.  3 — Practical  cirodts  ol  dngle-tube 
Q multiplier.  In  B the  first  triode  section 
serves  as  the  Q multiplier  and  the  sec- 
ond os  a grounded-^rid  ompliiier 

cuit  used  for  the  preceding  experi- 
mental measurements  is  reproduced 
in  Fig.  3A. 


The  exact  critical  value  of  the 
resistance  Rf  is  easily  found  from 
Eq.  3.  Remembering  that  the  nega- 
tive resistance  is  developed  across 
only  half  of  the  tuned  circuit  in  this 
system,  Eq.  3 actually  becomes: 


Quit  Rn 

Qt  " i2.-i2/4 


(34) 


But  i2«  is  given  by  Eq.  22.  Substi- 
tuting and  regrouping  gives 


“ 1 (K-1)  (35) 

^ R,  iK  + 1) 

from  which  it  is  apparent  that  the 
critical  resistance  is 


ff  ^ (g  - 1) 
4 (-K  + l) 


(36) 


For  design  purposes  this  value 
can  be  taken  simply  as  one-fourth 
of  the  tuned  circuit  impedance.  If 
the  circuit  is  operating  properly, 
oscillations  will  ensue  for  all  values 
of  Rf  less  than  this  value.  For  Rf 
= 00  the  circuit  operates  as  a 
cathode  follower,  and  as  Rf  de- 
creases toward  the  critical  value, 
the  Q multiplication  increases  with- 
out limit. 

The  actual  E*  to  be  used  in  com- 
puting the  product  is  the 

cathode  resistor  in  parallel  with 
the  series  combination  of  Rf  and 
one-fourth  of  the  impedance  of  the 
tuned  circuit — ^that  is,  approxi- 
mately the  cathode  resistor  in  par- 
allel with  one-half  the  tuned  circuit 


impedance  in  the  multiplier. 

The  grid  biasing  connection 
shown  in  Fig.  3A  is  used  for  the 
purpose  of  increasing  the 
product,  and  hence  the  stability. 
Using  this  arrangement,  a large 
cathode  resistor  can  be  used  with- 
out increasing  the  grid  bias  exces- 
sively and  thus  reducing  g*. 


Somewhat  higher  stabilities  are 
obtained  by  using  pentode  as  in 
Fig.  3A,  instead  of  the  triode  dis- 
cussed previously.  The  screen 
should  be  by-passed  to  the  cathode. 


Otherwise  the  tube  will  operate  as 
a triode.  If  only  moderate  multi- 
plications are  needed,  however,  the 
double  triode  circuit  shown  in  Fig. 
3B  may  be  found  useful.  Here  the 
first  section  is  used  as  a Q multi- 
plier, and  the  second  as  a grounded- 
grid  amplifier. 

The  source  impedance  should  be 
kept  high,  either  by  the  use  of  a 
series  resistor  as  in  Fig.  3A,  or  by 
designing  the  preceding  stage  for  a 
high  output  impedance.  If  high  Q 
multiplications  are  sought,  the  ser- 
ies resistor  is  preferable,  in  con- 
junction with  a low  output  imped- 
ance for  the  previous  stage. 

The  phase  shift  must  be  kept  to 
a minimum  to  avoid  frequency  shift 
as  the  Q multiplication  is  changed. 

When  the  split  inductor  variation 
of  Fig.  ID  is  used,  the  cathode  re- 
sistor Rki  may  be  omitted.  This 
allows  about  a 2-to-l  increase  in 
stability. 

The  signal  input  should  be  kept 
relatively  low  for  best  results.  Ex- 
perience with  the  type  6AK5  has 
shown  that  inputs  much  more  than 
a volt  or  two  result  in  reduced 
effective  Q multiplication  due  to 
curvature  of  the  tube  characteristic. 

It  is  possible  to  raise  the  Q of  a 
coil  alone  by  use  of  the  circuit  in 
Fig.  ID  with  the  capacitor  omitted. 
Use  in  such  a manner  suggests  a 
number  of  additional  applications 
for  the  circuit. 
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Gain-Doubling  Frequency  Converters 

Theory  and  experimental  results  for  a method  of  obtaining  twice  the  normal  conversion 
transconductance  from  pentode  mixers.  Signal  is  applied  to  an  inner  grid,  and  No.  3 
grid  is  used  in  an  outer  space-current  local  oscillator.  Practical  converter  circuits  for 
narrow-hand  broadcast  receivers  and  wide-hand  f-m  receivers  are  given 


IN  THE  USUAL  frequency  mixer 
tube  the  conversion  transcon- 
ductance is  approximately  PmA, 
where  is  the  maximum  signal 
grid-to-plate  transconductance  dur- 
ing the  excursion  of  an  oscillator 
cycle.  The  possibility  of  obtaining 
a conversion  transconductance  equal 
to  2gf„/'7:  was  first  pointed  out  by 
E.  W.  Herold^  In  effect,  his  method 
involves  changing  the  phase  of  the 
signal  current  180  deg  at  the  local 
oscillator  frequency  rate,  using  a 
beam-deflection  tube  or  one  having 
multihumped  characteristics.  The 
method  to  be  described  here 
achieves  the  same  gain-doubling 
result  more  simply  with  a pentode 
mixer. 

Analysis 

The  conversion  transconductance 
Qc  of  a mixer  tube,  when  consider- 
ing a small  signal  modulating  a 
relatively  large  local  oscillator  sig- 
nal of  radian  frequency  oi,  is 
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ge  = J gm  cos  ui  d(ut)  (1) 

Solution  of  this  equation  does  not 
give  maximum  conversion  trans- 
conductance because  the  negative 
portion  of  the  cycle  subtracts  from 
the  positive  portion.  However,  if 
the  integral  is  observed  from  7t/2 
to  — 7i:/2  only,  we  obtain  PmA  as 
the  maximum  positive  limit  for 
conversion  transconductance  with 
conventional  mixing.  These  limits 
are  achieved  in  a triode  mixer  by 
imposing  sufficient  oscillator  volt- 
age on  the  No.  1 grid  to  cut  off  the 
tube  during  the  negative  portion  of 
the  oscillator  cycle.  In  conven- 
tional pentode  mixing  with  the  os- 
cillator signal  on  an  outer  grid,  the 
same  limits  are  obtained  by  divert- 
ing the  space  current  to  an  inner 
grid  of  the  tube  during  the  nega- 
tive portion  of  the  local  oscillator 
cycle.  The  goal,  however,  is  to 
double  this  transconductance  value. 

With  conventional  triode  and 


pentode  mixing,  the  i-f  signal  is 
obtained  from  a tube  element  that 
is  cut  off  for  half  of  the  tube- 
operating  period.  If  by  some 
means  the  sign  of  the  integral  of 
Eq.  1 could  be  changed  for  this  cut- 
off half  of  the  oscillator  cycle,  then 
the  conversion  transconductance 
would  be  doubled. 

Consider  a pentode  mixer  in 
which  the  incoming  carrier  signal 
is  applied  to  the  No.  1 grid  and. 
the  local  oscillator  to  the  suppres- 
sor (No.  3)  grid.  Since  a pentode 
maintains  essentially  constant  cur- 
rent in  the  screen-plate  region,  each 
increase  in  plate  current  due  to 
oscillator  modulation  of  the  sup- 
pressor must  be  offset  by  an  equal 
decrease  in  screen  current.  As  a 
result,  the  i-f  components  of  plate 
and  screen  currents  are  180  deg 
out  of  phase  and  can  be  added  in  a 
conventional  push-pull  manner  to 
get  twice  the  gain  from  the  tube. 
Actually,  the  mere  placing  of  a 
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FIG.  1 — Comparison  of  conventional  balanced  push-pull  pentode  mixer  with  improved  method  that  places  tuned  circuit  between 
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FIG.  2 — Comparison  of  conventional  single-tube  pentode  mixer  circuit  with  improved  method  that  eliminates  screen  bypass  capacitor 
so  tuned  circuit  is  between  screen  and  plate.  Values  of  corresponding  inductances  and  capacitances  should  be  equal  as  indicated 


tuned  circuit  between  the  plate  and 
screen  changes  the  sign  of  the  in- 
tegral in  Eq.  1 for  half  of  each 
cycle  to  give  the  desired  doubling 
of  conversion  transconductance. 

Verification 

Experimental  verification  of  gain 
doubling  with  this  frequency-mix- 
ing process  is  given  in  Fig.  1 and  2. 
Performance  of  a conventional  bal- 
anced type  mixer  is  presented  in 
Fig.  lA  and  results  for  the  new  cir- 
cuit, using  the  same  tubes  under 
the  same  d-c  operating  conditions, 
are  in  Fig.  IB.  The  tubes  were  de- 
velopmental types  with  many-tums- 
per-inch  suppressor  grids.  The 
oscillator  voltage  is  used  as  a 
variable. 

Since  the  voltage  gain  is  in- 
versely proportional  to  A/  and  the 
two'  vary  with  oscillator  voltage, 
the  product  of  these  two  terms 
serves  as  a convenient  means  of 
comparison  between  the  two  sys- 
tems. The  last  column  of  the  tabu- 
lation in  Fig.  IB  indicates  the  ratio 
of  A2A/2  for  the  new  system  to 
AiA/i  for  the  conventional  system. 
These  values  center  about  a ratio 
of  2 to  1,  which  is  predicted  from 
the  theory. 

As  a further  check  and  compari- 
son, the  new  frequency-conversion 
method  was  compared  with  the  con- 
ventional method  when  using  a 
single  tube.  Data  for  a conven- 
tional single-ended  mixer  circuit  is 


given  in  Fig.  2A,  and  correspond- 
ing data  for  the  new  circuit  in  Fig. 
2B.  The  ratios  are  again  approxi- 
mately 2 to  1. 

The  foregoing  data  were  ob- 
tained with  the  suppressor  grid 
operating  at  zero  d-c  bias  rather 
than  the  grid-leak  bias  that  is  usu- 
ally employed.  Operating  the  grid 


FIG.  3 — ^Balanced  and  unbalanced  oscilla- 
tor circuits  employing  new  gain-doubling 
technique 


at  zero  bias  results  in  a much 


greater  peak  and  thereby  in- 
creases conversion  transconduct- 
ance. If  sufficient  oscillator  voltage 
is  impressed,  the  plate  current  is 
swung  into  saturation  and  Qe  ap- 
proaches the  ideal  value  of  approxi- 
mately 32  percent  of  the  peak  p™. 

Isolation 

Another  interesting  aspect  of  the 
circuit  is  the  isolation  it  offers  to 
signals  that  tend  to  pass  through 
the  mixer  tube  at  the  intermediate 
frequency.  Isolation  exists,  since 
any  signal  on  the  No.  1 grid  pro- 
duces modulation  of  the  same  phase 
on  the  screen  and  plate  currents, 
and  will  cancel  out  in  the  push-pull 
i-f  transformer.  This  action  makes 
it  somewhat  difficult  to  align  the 
i-f  by  the  usual  manner  of  placing 
the  i-f  signal  on  the  signal  grid  of 
the  mixer  tube.  In  this  case  the 
signal  can  better  be  placed  on  the 
oscillator  grid.  The  degree  of  iso- 
lation is  determined  by  the  degree 
of  balance  in  the  primary  of  the  i-f 
transformer  and  by  the  transcon- 
ductance from  signal  grid-to-plate 
relative  to  the  transconductance  of 
signal  grid-to-screen. 

In  a pentode  we  are  mainly  con- 
cerned with  shot-effect  noise  and 
partition  noise.  The  former  is  due 
to  time-varying  emission  from  the 
cathode,  and  the  latter  is  due  to 
random  distribution  of  cathode  cur- 
rent to  the  positive  electrodes  in 
the  tube. 
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Noise  Suppression 

Assume  an  ideal  pentode  in 
which  partition  noise  does  not  exist. 
Assume  also  that  there  is  a push- 
pull  connection  between  plate  and 
screen,  and  that  the  screen  and 
plate  currents  are  precisely  equal. 
The  noise  in  the  plate  and  screen 
would  then  be  of  equal  magnitude 
and  identical  phase,  disregard- 
ing transit-time  effects.  With  a 
perfect  output  transformer,  there 
would  be  no  noise  output  from  the 
tube,  because  of  cancellation  within 
this  transformer. 

Now,  imagine  another  ideal  pen- 
tode in  which  no  shot-effect  noise 
exists,  but  in  which  partition  noise 
does  exist.  In  this  tube  any  noise 
variation  that  takes  place  in  the 
plate  circuit  must  be  accompanied 
by  an  equal  and  opposite  noise  vari- 
ation in  the  screen  circuit,  since 
space  current  is  perfectly  constant. 
Thus,  if  this  push-pull  connection 
has  in  some  way  doubled  the  effec- 
tive transconductance,  the  equiva- 
lent noise  resistance  of  the  tube  has 
not  changed  since  the  effective  noise 
has  also  been  doubled. 

The  pentode  mixer  circuit  pre- 
sented here  is  actually  the  com- 
bination of  these  two  ideal  cases. 
It  therefore  has  somewhat  smaller 
equivalent  noise  resistance  in  the 
circuit  than  does  a conventional 
mixer,  since  the  shot-effect  noise 
has  decreased  while  the  affect  of 
partition  noise  remains  unchanged. 

Converter  Tube 

In  conjunction  with  this  work  on 
the  mixer  circuit,  a program  was 


also  carried  out  to  combine  this  cir- 
cuit into  a converter  tube  that  per- 
forms the  functions  of  mixer  and 
local  oscillator.  In  this  converter, 
the  outer  space  current  oscillations 
that  exist  between  the  outer  ele- 
ments of  a multigrid  tube  are  uti- 
lized. The  resulting  converter  cir- 
cuit gives  four  times  the  voltage 
gain  with  30  percent  less  cathode 
current  relative  to  the  6BE6  con- 
verter. The  equivalent  noise  re- 
sistance of  this  converter  was  be- 
low 18,000  ohms,  which  is  less  than 
one-tenth  that  of  the  6BE6. 

The  tube  characteristics  most  de- 
sirable for  the  oscillator  are  those 
of  a pentode  whose  No.  3 grid-to- 
plate  transconductance  is  relatively 
high.  This  No.  3 grid  is  used  as 
the  control  grid,  and  the  plate  or 
screen  as  the  oscillator  anode. 

The  oscillator  may  be  either  the 
balanced  or  unbalanced  type.  In 
the  balanced  oscillator,  shown  in 
Fig.  3A  and  3B,  the  plate-screen 
coil  is  center-tapped  to  r-f  ground. 
This  oscillator  is  suited  to  a bal- 
anced-type circuit  since  the  current 
variations,  as  caused  by  No.  3 grid 
modulation,  are  180  deg  out  of 
phase  in  the  plate  and  screen.  The 
plate  voltage  holds  the  same  phase 
relationship  to  the  controlling  grid 
voltage  as  it  does  in  a conventional 
oscillator. 

For  unbalanced  operation;  either 
plate  or  screen  may  be  grounded  to 
r-f  as  in  Fig.  3C.  Since  the  screen- 
plate  current  is  nearly  constant,  the 
oscillations  are  confined  to  the 
outer  space  of  the  tube. 

The  No.  3 grid  characteristics 


for  a typical  experimental  pentode 
are  shown  in  Fig.  4A.  The  nega- 
tive resistance  characteristic  en- 
countered above  10  volts  tends  to 
enhance  oscillations.  To  find  the 
required  grid-driving  power,  a sine 
wave  can  be  impressed  on  the  sup- 
pressor grid  and  a time  plot  of  cur- 
rent obtained  from  the  grid  charac- 
teristics. The  product  of  instan- 
taneous voltage  and  grid  current  is 
shown  in  Fig.  4B.  A peak  swing  of 
10  volts  is  used  because  this  value 
produces  plate  current  cutoff  and  is 
in  accordance  with  characteristics 
that  follow.  The  average  power 
may  be  obtained  by  integrating  the 
instantaneous  power  curve.  The  re- 
sulting average  power  is  three  mil- 
liwatts, which  is  very  low  and 
normally  will  be  less  than  the  asso- 
ciated circuit  losses. 

Converter  Design 

It  is  possible  to  calculate  the 
tickler  coil  impedance  required  for 
a particular  application.  Suppose 
an  oscillator  is  to  be  built  at  20  me 
in  which  a tickler  coil  is  placed  in 
the  plate  circuit  to  excite  a tuned 
circuit  connected  to  the  No.  3 grid, 
and  a total  driving  power  of  15 
milliwatts  is  required.  The  avail- 
able exciting  power  is  proportional 
to  the  external  voltage  drop,  or  in 
this  case  the  reactive  drop  across 
the  tickler  coil.  Then  P .xcitm*  = 
let*  <i)L  = 15  X 10'*.  The  effective 
plate  current  for  the  development 
tubes  used  is  approximately  4 ma. 
The  required  tickler  coil  impedance 
is  then  (oL  = 15  X 10-*/(4  x lO'*)* 
= 938  ohms. 

These  outer  space  current  oscilla- 
tions may  readily  be  obtained  from 
a pentode  as  used  in  Fig.  5 and  6, 
and  the  application  of  a signal  to 
the  No.  1 grid  will  result  in  a 
simplified  converter.  In  each  cir- 
cuit, a tickler  coil  is  placed  in  series 
with  the  i-f  transformer  primary 
to  provide  feedback  to  the  No.  3 
grid,  which  is  tuned  to  the  local 
oscillator  frequency.  In  Fig.  5 the 
screen  is  grounded  for  r-f.  Figure 
6 represents  a similar  circuit  in 
which  the  i-f  is  connected  in  push- 
pull  between  the  screen  and  plate. 


FIG.  4 — Characteristic  curves  for  No.  3 grid  of  typical  experimental  pentode 
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and  results  in  increased  conversion 
transconductance/  The  circuit  of 
Fig.  5 is  most  useful  in  narrow- 
band  applications,  since  the  plate 
resistance  in  converter  use  is  much 
larger  than  the  effective  plate- 
screen  resistance.  Conversely,  Fig. 
6 is  more  applicable  to  wide-band 
circuits. 

The  above  circuits  are  operated 
with  zero  d-c  bias  on  the  suppressor 
grid.  This  type  of  operation  is  de- 
sirable since  greater  conversion 
transconductance  will  result  owing 
to  the  larger  peak  plate  current.  A 
grid-leak  bias  on  the  grid  of  the 
oscillator  is  not  necessary  with  the 
outer  space  current  oscillator,  as  it 
would  have  little  effect  on  the  aver- 
age current. 

It  is  desirable  that  the  peak 
swing  be  sufficient  to  produce  plate- 
current  saturation  during  the  posi- 
tive excursion  of  the  local-oscillator 
cycle,  and  plate-current  cutoff  dur- 
ing most  of  its  negative  excursion, 
since  these  are  the  desired  charac- 
teristics for  maximum  conversion 
transconductance. 

Comparisons 

The  most  important  character- 
istics of  a converter-type  tube  are 
probably  (1)  conversion  transcon- 
ductance, (2)  plate  resistance,  (3) 
noise,  (4)  isolation  between  signal 
and  oscillator  circuits,  which  is  in- 
dicative of  antenna  radiation,  (6) 
voltage  gain  as  a function  of  wide- 
range  tuning,  and  (6)  automatic 
volume  control,  which  indicates  the 
cutoff  characteristics  of  a particu- 
lar tube  and  any  undesirable  detun- 
ing effects.  These  characteristics 
will  be  discussed  in  connection  with 
a comparison  of  the  new  high-gain 
pentode  converter  circuit  of  Fig.  6 
and  a conventional  6BE6  frequency 
converter  for  the  same  narrow-band 
•application  (550  to  1,600  kc). 

Before  making  comparative 
measurements,  the  oscillator  volt- 
age on  the  No.  3 grid  was  measured 
as  a function  of  tuning.  The  oscil- 
lator voltage  varied  from  19  volts 
at  1,006  kc  (the  low  end  of  the  os- 
cillator range)  to  66  volts  rms  at 
the  top  frequency  of  2,056  kc.  This 
wide  range  of  oscillator  voltage  is 


undesirable  from  the  viewpoint  of 
oscillator  radiation,  hence  a series 
R-C  circuit  was  used  to  load  the 
oscillator.  Values  of  10,000  ohms 
and  6.8  ix/xt  discriminate  against 
the  higher  frequencies  as  desired 
to  keep  the  range  of  oscillator  volt- 
age between  11  to  19  volts  rms, 
which  is  within  the  practical  limits 
of  most  converters. 

Comparative  sensitivity  values 
are  given  in  Fig.  5.  With  the  ex- 
perimental type  pentode,  the  com- 
ponents were  tuned  for  each  indi- 
vidual measurement.  The  voltage 
gain  was  measured  from  the  signal- 
generator  terminals  to  the  secon- 
dary of  the  i-f  transformer.  The  i-f 
transformer  used  was  designed  as 
an  output  transformer,  and  conse- 
quently had  closer  coupling  than 
that  usually  found  in  input  i-f 
transformers.  With  the  conven- 
tional circuit,  plate  and  screen  volt- 
ages were  100  volts,  and  the  signal 
grid  was  biased  to  —1.5  volts.  The 
circuit  was  optimized  for  voltage 
gain. 

The  comparative  data  shows  that 
greater  than  twice  the  voltage  gain 
can  be  obtained  with  the  pentode 
with  30  percent  less  cathode  cur- 
rent. The  increased  voltage  gain 
results  from  the  increased  con- 
version transconductance. 

The  conversion  transconductance 
of  the  experimental  pentode  was 
approximately  1,200  /imhos.  This 


conversion  transconductance  is  eas- 
ily determined  for  this  type  of 
operation  by  measuring  the  of 
the  signal  grid  with  -flO  volts  on 
the  suppressor  grid,  and  taking  30 
percent  of  this  value  as  the  con- 
version transconductance.  This  is 
accurate  to  within  a few  percent. 

The  effective  mixer  plate  resist- 
ance for  the  new  type  of  operation 
is  approximately  three  times  the 
value  measured  for  the  tube  as  an 
amplifier.  This  value  was  350,000 
ohms  for  the  development  tubes 
used,  as  contrasted  with  1 megohm 
for  the  6BE6.  The  conversion 
transconductance  of  the  6BE6  is 
475  /Amhos. 

Oscillator  Radiation 

Radiation  back  to  the  antenna 
from  a converter  tube  depends  on 
the  capacitance  and  space  charge 
coupling  between  the  oscillator  grid 
and  the  signal  grid.  In  the  circuit 
of  Fig.  5,  oscillator  currents  are 
confined  to  the  outer  space  of  the 
tube  so  there  is  little  or  no  space- 
charge  coupling.  The  capacitance 
from  the  signal  grid  to  oscillator 
grid  of  the  tube  under  these  condi- 
tions is  approximately  0.10  fifxi, 
while  the  corresponding  capacitance 
for  the  6BE6  is  0.15  fifxi.  The  rela- 
tive coupling  values  from  the  oscil- 
lator to  the  signal  grid  at  signal 
frequencies  of  550,  1,000  and  1,550 
kc  are  0.01,  0.07  and  0.13  re- 
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spectively  for  the  6BE6  and  0.01, 
0.05  and  0.21  for  the  pentode. 

The  space-charge  coupling  within 
the  tube  acts  with  a 180-deg  phase 
shift  relative  to  the  direct  capaci- 
tive coupling  voltage.  In  most  con- 
verters, these  effects  are  controlled 
so  that  they  are  approximately 
equal  on  the  broadcast  band.  This 
is  the  reason  that  the  coupled  volt- 
age is  slightly  less  with  the  type 
6BE6  in  spite  of  the  fact  that  its 
capacitance  and  space-charge  cou- 
pling are  greater. 

AVC  Action 

The  action  of  an  avc  voltage  on 
the  signal  grid  of  the  experimental 
pentode  changes  the  oscillator  amp- 
litude as  well  as  the  signal-grid  g„. 
This  gives  accentuated  avc  action, 
and  may  require  a very  remote  cut- 
off characteristic  for  proper  oper- 
ation. Since  extensive  bias  will 
ultimately  result  in  a reduction  of 
oscillator  grid  to  the  point 
where  oscillations  will  cease,  ex- 
tended avc  application  (1,000  to  1 
reduction  of  gain)  is  not  possible 
in  this  new  converter. 

In  conjunction  with  avc,  it  is  im- 
portant to  consider  the  amount  of 
frequency  shift  that  results  from 
its  application.  To  obtain  this 
relative  measurement,  the  gain  of 
the  two  systems  was  decreased  by 
the  same  ratio,  and  the  frequency 
shift  of  the  oscillator  section  was 
measured.  The  results  indicated 
that  the  frequency  shift  was  com- 
parable in  the  two  systems,  but  in 
opposite  directions;  the  frequency 
of  the  GBE6  converter  decreased 
with  decreasing  gain  and  the  fre- 


quency of  the  new  converter  in- 
creased with  decreasing  gain. 

F-M  Converter  Circuit 

Modifications  needed  in  the  new 
converter  circuit  to  meet  the  re- 
quirements of  the  f-m  band  are 
given  in  Fig.  6.  The  relatively  wide 
bandwidth  permits  the  use  of  a 
push-pull  i-f  and  derives  increased 
gain.  At  100  me  the  voltage  gain 
from  the  grid  through  a double- 
tuned  i-f  transformer  is  27.5.  (The 
calculated  gain  of  the  6BE6  under 
similar  conditions  is  one-fourth  this 
value.)  The  center  of  the  i-f  band 
is  10.7  me  and  the  bandwidth  at  the 
half-power  points  is  350  kc.  The 
frequency  drift  of  this  oscillator 
circuit  was  compared  with  that  of 
a triode  in  a Hartley  circuit  and 
found  to  be  nearly  equal.  The  con- 
verter had  less  frequency  shift  as 
a function  of  filament  voltage,  but 
more  as  a function  of  supply 
voltage. 

Conclusions 

Increased  gain  can  be  obtained 


by  using  a pentode  tube  as  a con- 
verter, with  the  signal  applied  to 
an  inner  grid  and  the  No.  3 grid 
used  as  an  outer  space  current  local 
oscillator.  Four  times  the  gain  of 
the  type  6BE6  may  be  obtained  by 
using  this  less  complicated  tube, 
with  30  percent  less  cathode  cur- 
rent. Simple  tube  construction, 
high  conversion  transconductance 
and  low  noise  characterize  this  con- 
verter. The  Sylvania  type  5636 
and  SN1007B  tubes  are  suitable  for 
this  application. 
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Gated-Beam  Mixer 

By  S.  RUBIN  AND  G.  E.  BOGGS 


The  problem  of  isolation  between 
the  signal  and  oscillator  circuits  in 
a mixer  is  often  of  serious  propor- 
tions for  many  high-frequency  ap- 
plications. The  gated-beam  tube  as 
exemplified  by  the  6BN6  may  be 


satisfactorily  used  as  a mixer  and 
results  in  improved  signal  circuit 
isolation. 

With  the  usual  mixer  configura- 
tions and  a high  impedance  in  the 
signal  grid  circuit,  a voltage  of  os- 


cillator frequency  on  the  signal  grid 
may  well  cause  grid-current  flow. 
This  will  of  course  alter  the  tube 
characteristics.  In  addition,  the  os- 
cillator voltage  present  in  the  sig- 
nal circuit  may  assist  in  the  switch- 
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ing  or  modulating  of  the  tube  and 
may  change  the  shape  of  the  switch- 
ing function.  If  the  signal  circuit 
is  returned  through  the  avc  bus, 
the  oscillator  voltage  appearing  on 
the  signal  grid  may  bias  this  grid 
thus  reducing  the  conversion  trans- 
conductance. 

In  practice  the  problems  aris- 
ing from  poor  isolation  between 
the  signal  and  oscillator  circuits  are 
frequently  met  by  maintaining  a 
low  impedance  in  the  signal  grid 
circuit.  Unfortunately,  this  is  a 
poor  solution,  since  it  may  dras- 
tically r€duce  the  gain  ahead  of  the 
mixer. 

In  tubes  where  the  signal  is  in- 
jected on  one  grid  and  the  oscillator 
on  another,  the  coupling  between 
grids  is  made  up  of  two  components, 
capacitance  between  the  signal  and 
oscillator  grid  and  space-charge 
coupling.  Tubes  utilizing  the  inner 
grid  for  oscillator  injection  have 
relatively  large  space-charge  coup- 
ling at  high  frequencies  and  hence 
are  not  suitable  for  applications 
where  good  isolation  is  imperative. 

Outer-Grid  Mixer 

When  the  signal  is  applied  to  the 
first  grid  and  the  oscillator  to  an 
outer-grid  the  combination  has 
come  to  be  known  as  an  outer-grid 
mixer.  This  arrangement  exhibits  a 
space-charge  coupling  effect  of  only 
J to  ^ of  that  present  with  tubes 
employing  inner-grid  injection.*  It 
should  be  noted  that  with  an  outer- 
grid  mixer,  the  voltage  induced  on 
the  signal  grid,  due  to  space-charge 
coupling  between  the  two  grids, 
adds  to  the  oscillator  voltage  on  the 
signal  grid  which  is  due  to  capaci- 
tive coupling.  This  is  opposite  to 
the  effect  when  using  inner-grid  in- 
jection. 

Since  the  6BN6  has  two  rather 
high  transconductance  control  grids 
it  may  be  employed  as  either  inner- 
grid  or  outer-grid  mixer.  Maximum 
isolation  is  obtained  when  the  tube 
is  used  as  an  outer-grid  mixer  with 
the  oscillator  injected  on  the  third 
grid.  This  grid  fortunately  will  not 
develop  a high  bias  since  the  grid 
current  is  limited  by  tube  design. 


The  grid-current  limiting  feature 
of  this  tube  results  in  very  low  os- 


FIG.  1 — Switching  function  characteristic 
for  6BN6 


dilator  power  requirement  and  it  is 
found  that  six  to  ten  volts  rms  pro- 
vides adequate  oscillator  excitation. 

A typical  switching  function  for 
the  6BN6  is  shown  in  Fig.  1.  The 
tube  has  about  a 10-percent  im- 
provement in  conversion  efficiency 
compared  to  the  6SA7. 


Transconductance 

Since  grid  current  in  the  6BN6 
is  limited  by  the  design  of  the  tube, 
the  bias  voltage  built  up  on  the 
oscillator  grid  is  very  small,  result- 
ing in  a higher  value  of  peak  trans- 
conductance. With  low  bias  voltage 
on  the  oscillator  grid,  the  magni- 
tude of  the  grid  resistor  is  not  criti- 
cal within  limits.  Also,  the  Qc  is 
practically  constant  with  changing 
oscillator  excitation  voltage  after  a 
threshold  value  has  been  reached, 
which  in  this  case  is  about  8 volts. 

At  30  me,  with  120  v on  the  plate 
and  70  v on  the  accelerator,  the  con- 
version transconductance  was  lower 
than  anticipated.  The  low  is  at- 
tributed largely  to  transit  time 
since  raising  the  plate  and  acceler- 
ator voltages  to  155  and  90  v respec- 
tively increased  the  conversion 
transconductance  to  790  [^mhos. 
With  a high-impedance  input  to  the 
signal  grid,  some  loading  of  the  in- 


put circuit  was  observed,  as  would 
be  expected  with  outer  grid  injec- 
tion. While  no  input  admittance 
measurements  have  been  made,  it 
would  be  reasonable  to  assume  that 
good  performance  can  be  obtained 
with  this  tube  in  the  lower  vhf 
range. 

A typical  circuit  used  during  the 
course  of  this  experimental  work  is 
shown  in  Fig.  2.  No  special  pre- 
cautions were  found  necessary,  but 
a metal  shield  across  the  tube  socket 
between  pins  4 and  5 and  pins  1 
and  7 is  recommended  to  maintain 
low  capacitance  between  the  two 
signal  grids. 

Since  the  6BN6  may  be  employed 
as  an  outer-grid  mixer,  it  may  be 
assumed  that  the  method  described 
by  Aske®,  where  a tuned  circuit  is 
placed  between  the  plate  and  screen, 
may  be  used  to  double  the  conver- 
sion transconductance.  If  desired 
the  single  tube  may  be  used  as  a 
converter  by  using  the  number  3 
grid  in  an  outer  space-current  local 
oscillator. 

It  is  interesting  to  note  that 


FIG.  2 — Schematic  diagram  of  the  6BN6 
mixer 


above  a given  supply  voltage  the 
conversion  gain  is  essentially  con- 
stant with  increasing  supply  volt- 
age. Thus  in  some  applications  it 
may  be  desirable  to  operate  this 
tube  at  higher  voltages  than  neces- 
sary in  order  to  obtain  good  voltage 
stability. 

If  the  6BN6  is  operated  at  very 
low  voltages,  the  linearity  will  suf- 
fer. When  grid  voltages  as  high  as 
one  volt  are  necessary,  the  accelera- 
tor voltage  should  be  rather  high, 
in  the  order  of  90  v. 

Conclusion 

The  6BN6  has  been  shown  to 
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perform  well  in  mixer  service.  It  is 
one  of  the  very  few  commercially 
available  high-transconductance 
tubes  for  outer-grid  injection.  The 
greatest  advantage  obtained  with 
this  tube  is  the  reduced  space- 
charge  coupling  and  low  capacitance 
between  control  grids.  This  allows 
higher  frequency  operation  with  a 
fairly  low  value  of  i-f  without  re- 
sulting in  excessive  values  of  os- 
cillator voltage  appearing  on  the 
signal  grid. 

The  tube  has  a conversion  trans- 
conductance of  approximately  800 
tJt.mhos  with  less  cathode  current 
than  that  taken  by  many  existing 
pentagrid  tubes.  In  addition  the 
6BN6  can  probably  be  used  in  the 


gain-doubling  circuit  of  Aske*  to 
further  increase  its  utility.  The 
6BN6  exhibits  positive  input  load- 
ing as  do  all  outer  grid  mixers.  At 
vhf  the  relatively  high  value  of 
input  conductance  may  result  in  a 
serious  loss  in  gain.  While  no  meas- 
urements have  been  made  of  input 
conductance,  experimental  results 
at  30  me  indicate  little  input  load- 
ing. 

In  the  course  of  the  experimental 
work  it  was  found  that  there  is  a 
considerable  variation  in  the  char- 
acteristics between  different  tubes. 
In  particular,  the  signal-grid  trans- 
fer characteristic  exhibited  consid- 
erable variation.  This  is  no  doubt 
due  to  the  fact  that  this  tube  is  not 


tested  for  this  type  of  service.  It 
may,  therefore,  be  suggested  that 
the  6BN6  could  be  rated  for  mixer 
or  converter  service  by  the  manu- 
facturer and  a portion  of  these 
tubes  sold  for  this  purpose. 

While  the  6BN6  makes  a very 
satisfactory  mixer  for  many  appli- 
cations, it  is  thought  quite  possible 
that  a gated-beam  tube  could  be  de- 
veloped which  would  have  superior 
characteristics  for  mixer  applica- 
tions. 
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Graphical  Power-Level  Computations 

Chart  relating  current,  voltage,  resistance  and  power  in  watts  or  dbm  simplifies 
numerical  calculations.  Given  any  two  of  these  parameters,  the  other  two  can  he 

found  directly  from  the  chart 


WHERE  THE  ACCURACY  of  cal- 
culations involving  Ohm’s 
laws  for  power  and  voltage  need 
not  be  high  the  accompanying 
chart  will  save  time.  Typical 
uses  include  checking  wattage  of 
resistors,  choosing  dropping  and 
current-limiting  resistors,  and 
comparing  power  levels  at  points 
of  different  impedances  in  ampli- 
fiers and  other  circuits. 

On  the  log-log  chart  the  hori- 
zontal axis  represents  resistance 
and  the  vertical  axis  represents 
power.  Superimposed  on  these 
coordinates  is  a similar  set  of 
log-log  coordinates  drawn  at  45 
deg  with  respect  to  the  others. 
These  latter  coordinates  repre- 
sent current  and  voltage. 

The  chart  solves  equations  of 
the  form  wx  = y and  xy  = z 
(or  v)x^  = z and  y^/w  — z) . 

Given  any  two  parameters,  the* 
other  two  are  located  at  the  in- 
tersection of  the  indicated  co- 


By  DANIEL  C.  NUTTING 

ordinates.  For  example,  if  the 
measured  potential  across  a 20,- 
000-ohm  load  resistance  is  30 
volts,  the  chart  indicates  that  the 
load  consumes  0.045  watt  and 
draws  1.5  milliamperes. 


The  auxiliary  scale  on  the 
right-hand  margin  of  the  chart 
gives  the  power  in  terms  of  deci- 
bels with  reference  to  one  milli- 
watt, as  is  customary  in  com- 
munication measurements. 


ANTENNAS 


How  to  Select  Antenna  Towers 


A knowledge  of  mechanical  design  principles  is  essential.  This  article  summarizes  gen- 
eral practice  with  respect  to  self-supported  and  guyed  structures,  materials,  mounts  and 
footings.  Erection  and  maintenance,  factors  which  affect  the  choice,  are  also  covered 


Electronic  engineers  are  fre- 
quently called  upon  to  select 
structural  supports  for  antennas. 
Special  design  is  occasionally  neces- 
sary but  in  most  instances  stand- 
ardized supports  are  indicated.  In 
either  case,  selection  is  facilitated  if 
the  engineer  has  a general  knowl- 
edge of  mechanical  design  princi- 
ples, installation  and  maintenance 
problems.  It  is  such  knowledge  that 
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this  paper  is  intended  to  summar- 
ize. 

The  maximum  strain  on  most 
antenna  supports  is  imposed  in  a 
horizontal  direction  by  wind;  ice 
coatings  create  additional  gravity 
loads  but  their  greatest  imposition 
of  stress  is  caused  by  the  increment 
of  area  they  add  to  the  surface  the 
structure  presents  to  the  wind. 

The  wind  pressure  on  a structure 


varies  with  the  square  of  the  wind 
velocity;  calculations  based  on 
wind-tunnel  data  are  given  below; 

Wind  Pressure 

Velocity  fib  per  sq  ft) 

(mph)  Flat  Surf  ace  Round  Surface 


60 

13.3 

8.9 

70 

18.2 

12.1 

80 

23.7 

15.8 

90 

30.0 

20.0 

100 

37.0 

24.6 

110 

44.8 

29.8 

125 

57.9 

38.6 

The  profile  or  projected  area  is 


FIG.  1 — ^Wind  cmd  ice  loading  xones  in  the  United  States 
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used  for  calculations  of  wind  load. 

Meteorological  records  and  re- 
search have  established  maximum 
wind  and  ice  conditions  normally 
to  be  expected  in  various  parts  of 
the  United  States.  Figure  1 delin- 
eates the  various  wind  and  ice  load- 
ing zones.  Conservative  design 
practice  anticipates  the  following 
loadings : 

Ice-Coating  Wind-Velocity 


(in.)  (mph) 

Light  0 60 

Medium  0.25  70 

Heavy  0.50  90 


Ice  loadings  are  expressed  as 
radial  thicknesses  to  be  added  to 
the  projected  area  of  members. 

The  loading  map  does  not  take 
into  account  unusual  local  condi- 
tions which  may  suggest  design  to 
a higher  or  lower  wind  velocity.  In 
areas  subject  to  hurricanes  it  is 
usually  best  to  select  towers  rated 
at  90  miles  per  hour.  Hurricanes 
involve  winds  having  speeds  of  over 
125  miles  per  hour,  but  only  near 
the  eye  or  center  of  the  storm; 


velocities  in  the  periphery  are  usu- 
ally below  90  miles  per  hour.  It  is 
therefore  sometimes  cheaper  to  re- 
place a damaged  structure  with  a 
similar  structure  than  to  replace 
with  one  which  would  resist  the 
rarely  encountered  forces  which  de- 
stroyed the  original. 

Masts  and  towers  are  generally 
rated  in  terms  of  pounds  of  hori- 
zontal top  load  at  a given  wind  ve- 
locity, or  wind  velocity  plus  a given 
ice  load.  An  additional  figure  is 
often  given  for  the  gravity  load 
which  may  accompany  the  maxi- 
mum horizontal  load.  Thus  a tower 
with  a capacity  of  200  pounds  at  90 
mph  can  be  loaded  with  6§  square 
feet  of  flat  surface,  10  square  feet 
of  round  members,  or  any  combina- 
tion totaling  200  pounds  of  wind 
resistance. 

Self-Supporting  Structures 

Stress  analysis  of  a self-support- 
ing structure  is  complicated  by  th6 
fact  that  it  is  loaded  as  a beam  and 


FIG.  2 — Loading  on  a tapered,  self-supporting  tower,  turned  on  its  side  in  the 
drawing  for  better  visualization  of  forces  involved 


FIG.  3 — Cross  section  of  triangular  tower  TIG.  4 — Cross  section  of  squore  tower 


as  a column  at  the  same  time. 
Figure  2 shows  the  loading  on  a 
tapered  tower;  it  is  turned  on  its 
side  for  better  visualization  of 
forces.  Shaded  area  P shows  the 
total  wind  load  on  the  support 
structure,  usually  expressed  in 
pounds  per  square  foot  and  here 
represented  as  increasing  toward 
the  base  because  of  longer  bracing 
members  and  heavier  corner  posts 
at  the  base.  The  letter  T denotes 
wind  load  on  the  antenna,  and  G 
and  W are  the  gravity  loads  of  the 
antenna  and  tower  structures  re- 
spectively, plus  the  weight  of  any 
ice  coating. 

Assuming  a tower  of  triangular 
cross  section,  the  maximum  com- 
pression load  imposed  on  member 
C in  Fig.  3 occurs  when  the  wind  is 
from  direction  N.  A line  parallel 
to  AB  and  one  third  up  from  the 
base  will  be  the  gravity  or  neutral 
axis  of  the  section ; this  line  has  no 
theoretical  stress.  With  the  wind 
from  N,  C is  in  compression  and  A 
and  B in  tension. 

The  corner  post  C is  a column ; 
its  tensile  strength  is  its  net  area 
multiplied  by  the  allowable  stress 
of  the  material,  but  its  compression 
strength  is  always  something  less 
than  this.  Since  the  wind  from  di- 
rection N imposes  a tensile  load 
divided  between  A and  B,  while  an 
equal  compression  load  is  placed  on 
C alone,  and  considering  that  the 
comer  post  in  effect  is  stronger  in 
tension  than  in  compression,  it  be- 
comes obvious  that  the  compressive 
strength  of  the  corner  posts  is  the 
critical  design  factor  in  a self-sup- 
porting tower. 

Gravity  loads  of  all  kinds  are 
equally  divided  among  the  corner 
posts  but  unfortunately  they  add  to 
the  compression  load  on  C while 
subtracting  from  the  tensile  load 
on  A and  B.  Referring  to  Fig.  2,  G 
is  constant  except  for  the  addi- 
tional weight  of  any  ice  and  its 
weight  is  transmitted  throughout 
the  length  of  the  tower,  while  W is 
additive  owing  to  the  tower  taper; 
some  towers  have  heavier  corner 
posts  toward  the  base  in  considera- 
tion of  this  latter  fact. 
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In  the  case  of  square  towers  P is 
uniform  from  top  to  base  of  the 
structure  and  W increases  uni- 
formly instead  of  geometrically. 
Maximum  stresses  occur  in  a sec- 
tion when  the  wind  is  from  N as  in 
Fig.  4.  The  neutral  axis  is  a di- 
agonal, B is  in  compression,  D in 
tension,  and  A and  C have  very 
little  stress. 

Guyed  Structures 

The  guyed  structure  is  subject 
to  a different  set  of  stresses,  as 
shown  in  Fig.  6.  The  strain  taken 
by  each  guy  is  resolved  into  its 
horizontal  and  vertical  components 
for  purpose  of  stress  analysis.  The 
horizontal  components  H,,  Ht,  and 
He  are  equal  to  the  horizontal  wind 
load  on  half  of  the  sections  adja- 
cent to  each  guy  point.  The  hori- 
zontal load  on  the  antenna  itself,  7, 
is  taken  by  H,,  and  H,  the  bottom 
horizontal  reaction,  is  merely  half 
the  wind  load  on  the  bottom  sec- 
tion. 

Referring  to  Fig.  6,V  = H tan  <f>, 
and  the  greater  <f>  becomes,  corre- 
sponding to  anchoring  the  guys 
closer  to  the  base  of  the  tower,  the 
greater  V will  become  for  a given 
wind  load  reaction  H.  In  effect, 
failure  of  a guyed  structure  results 
from  wind  load  stressing  the  guys 
to  the  point  where  they  pull  the 
tower  down.  Good  practice  usually 
has  the  guys  anchored  from  70  to 
100  percent  of  their  height  from 
the  tower  base,  but  some  tubular 
masts,  taking  advantage  of  the 
lower  wind  resistance  of  round 
members,  are  designed  to  take  the 
downward  pull  of  guys  anchored 


closer.  Since  it  is  most  economical 
to  have  all  guys  in  a set  anchored  at 
one  point,  </>  is  usually  small  for  the 
lower  guys. 

The  summation  of  all  vertical 
forces  at  the  bottom  of  the  tower, 
SF  as  in  Fig.  6,  is  the  accumulation 
of  gravity  loads  of  the  antenna, 
structure  and  ice,  plus  the  vertical 
components  F„,  F»  and  F,  of  all  the 
guy  strains.  The  maximum  column 
load  on  the  corner  posts  occurs  at 
the  bottom  of  the  structure.  Since 
a substantial  increment  is  added  at 
each  guy  point,  many  large  guyed 
towers  make  a change  to  heavier 
corner  post  sections  at  the  guy 
points.  The  fact  that  a structure 
does  not  add  corner-post  material 
at  each  guy  point,  however,  does 
not  necessarily  mean  that  it  is 
poorly  designed.  Changes  in  cor- 
ner-post section  complicate  section 
splices  in  some  designs  and  there 
are  economies  in  keeping  the  num- 
ber of  different  sections  to  a 
minimum.  Heavier  material  is 
often  used  higher  up  the  tower 
than  stress  analysis  alone  demands. 

The  wind  direction  for  maximum 
stress  in  a guyed  tower  is  different 
than  for  a self-supporting  one,  and 
is  S rather  than  N in  Fig.  3 for  a 
triangular  section.  Comer-post  C 
again  gets  the  greatest  load,  in 
compression,  and  A and  B share  an 
equal  tensile  load  between  them. 
A wind  from  N will  throw  the  full 
tensile  load  on  C alone,  but  the 
corner  post  is  stronger  in  tension 
than  in  compression. 

For  the  square  tower.  Fig.  4, 
corner-post  B was  in  compression 
in  the  self-supporting  structure;  if 


GUY  A 


r 


GUY  C 


guys  are  added  D takes  the  com- 
pression load  when  the  wind  is 
from-iV  and  B is  in  tension.  The 
guys  at  A and  C are  slack.  A 
wind  normal  to  any  face  of  a guyed 
triangular  or  square  tower  will  not 
impose  stresses  as  heavy  as  those 
just  described,  because  the  com- 
pressive loads  are  then  divided  be- 
tween two  corner  posts. 

Figure  7 shows  how  wind  pres- 
sure on  a triangular  section  be- 
tween guys  stresses  it  as  a simple 
beam  with  a uniformly  distributed 
load.  With  the  wind  coming  from 
direction  N,  this  results  in  a com- 
pression stress  in  A.  Thus  there 
are  three  compression  loads  on  A, 
the  beam  stress  just  mentioned,  the 
vertical  component  of  guy  strain, 
and  the  gravity  loads  of  the  an- 
tenna and  the  structure  itself  plus 
the  weight  of  any  ice.  These  con- 
stitute the  maximum  loads  of  any 
member  of  the  tower,  and  reach 
their  highest  values  at  the  bottom. 

Cross-Bracing 

The  cross-bracing  of  towers  is 
subject  to  infinite  variation,  de- 
pending upon  decisions  of  the  in- 
dividual designer.  Many  combina- 
tions of  horizontals  and  diagonals 
can  result  in  a sound  structure,  and 
some  successful  lighter  designs 
omit  either  horizontal  or  diagonal 
bracing  entirely. 

In  general,  and  where  a struc- 
ture has  both,  the  horizontals  are 
compression  members  while  the  di- 
agonals distribute  tensile  loads 
among  the  comer  posts.  The  corner 
post  is  a column  unsupported  be- 
tween bracing ; the  greater  the 


FIG.  5— Loading  on  o guyed  tower,  showing  yertical  and  horizontal  components 


FIG.  6 — Guy-angle  geometry 
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length  of  a bay  the  heavier  the  cor- 
ner post  must  be,  and  the  bracing 
must  also  be  heavier.  The  designer 
arrives  at  a compromise  between 
putting  his  material  into  corner 


bolted  together  at  erection.  Where 
rod  and  tubing  are  used,  factory 
assembly  is  generally  done  by  weld- 
ing; this  is  highly  satisfactory  if 
the  welds  are  sound  and  are  care- 


FIG.  7 — Wind  pressure  on  triangular  tower  section  between  guys 


posts  or  bracing  and  tries  to  get  a 
combination  which  will  expose  a 
minimum  of  area  to  the  wind. 

A few  successful  designs  have 
used  wire  cable  for  diagonal  brac- 
ing, despite  the  fact  that  end  con- 
nections are  expensive  and  cable 
is  subject  to  stretching. 

End  connections  of  rigid  bracing 
usually  require  that  the  material 
be  two  to  three  times  the  diameter 
of  the  bolt  or  rivet  in  width;  this 
often  determines  the  minimum  sec- 
tion which  can  be  used  for  bracing. 
Because  of  corrosion,  traditional 
structural  practice  has  in  the  past 
prohibited  the  use  of  any  section 
less  than  J inch  thick,  but  the 
tower  industry,  doing  careful 
stress  analysis  and  using  cor- 
rosion-resisting materials  and 
coatings,  has  in  many  instances 
safely  disregarded  this  arbitrary 
minimum.  The  more  massive 
structures  are  usually  built  en- 
tirely of  standard  channels  and 
angles,  but  lighter  towers  often  use 
specially  formed  sections  stamped 
from  sheet  or  extruded  in  the  light 
metals.  Round  tubing  is  an  excel- 
lent shape  for  corner  posts  as  well 
as  bracing,  since  it  is  equally 
strong  in  all  directions. 

Fastenings 

Towers  other  than  the  most  mas- 
sive designs  are  usually  factory  as- 
sembled into  sections  which  are 


fully  cleaned  before  galvanizing  or 
painting.  The  most  dangerous  type 
of  corrosion  starts  at  improperly 
cleaned  welds. 

Factory-driven  rivets  give  little 
trouble  except  where  they  have  not 
been  thoroughly  descaled  before 
finishing  the  structure.  Bolts  and 
nuts  are  usually  hot-dip  galvan- 
ized; the  nuts  are  usually  re- 
tapped slightly  oversize  after  gal- 
vanizing to  permit  easy  assembly. 
Electro-zinc  and  cadmium  plating 
of  bolts  and  nuts  permits  their 
manufacture  with  closer  fits  than 
hot-dip  galvanizing,  but  the  diffi- 
culty of  maintaining  quality  con- 
trol, especially  in  barrel  plating, 
has  in  some  instances  in  the  past 
made  them  less  uniformly  cor- 
rosion-resistant. However,  electro- 
zinc and  cadmium  plate  are  excel- 
lent paint  bases ; even  if  the 
structure  itself  is  not  galvanized, 
plated  fastenings  are  well  worth 
their  slight  additional  cost. 

Both  self-supporting  and  guyed 
towers  are  subject  to  substantial 
vibration  in  gusty  winds.  Invest- 
ment in  locknuts  or  lockwashers  of 
any  standard  type,  plated  like  the 
nuts  and  bolts,  is  well  worth  the 
cost  of  additional  material  and 
erection  labor. 

Mounts  and  Footings 

Guyed  and  self-supporting  struc- 
tures are  mounted  on  different 


types  of  footings.  The  self-sup- 
porting tower  must  be  anchored  so 
that  each  leg  footing  can  resist  a 
tensile  pull  of  high  magnitude.  Re- 
ferring to  Fig.  2 and  3,  this  is : 

Tensile  Pull  = PH/Z  J + TH' 

J — (G  + W)  No.  of  corner 
posts.  For  a given  top  load  capacity 
and  height,  a tower  with  a greater 
spread  at  the  base  will  cost  more 
than  others  but,  where  soft  ground 
conditions  require  extensively 
spread  footings,  a more  economical 
installation  will  result  from  the 
fact  that  the  tensile  forces  the  base 
must  resist  will  be  less,  since  the 
denominator  J shown  in  Fig.  3 is 
greater.  Where  a self-supporting 
tower  is  used  as  a vertical  radiator, 
push-pull  insulators  are  usually  em- 
ployed for  the  legs;  Fig.  8 shows 
how  such  insulators  translate  ten- 
sile pull  on  the  leg  into  a compres- 
sion strain  on  the  porcelain. 

The  base  of  a guyed  structure  is 
less  elaborate,  since  there  are  no 
upward  components  of  force,  but 
the  footing,  usually  a slab  of  con- 
crete, must  be  spread  over  enough 
ground  to  distribute  vertical  loads 
over  an  area  which  can  support 
them  without  sinking.  The  slab 
must  resist  substantial  internal 
shear  stress  unless  ground  condi- 
tions permit  it  to  be  small  in  area; 
it  is  usually  provided  with  reinforc- 
ing bars.  The  horizontal  loads  on 
the  base  of  a guyed  tower,  being 
quite  small,  are  taken  by  a few 
bolts  or  anchor  rods  locating  the 
tower  base  on  its  footing.  Base  in- 
sulators for  guyed  vertical  radi- 
ators have  to  be  quite  substantial 
to  take  the  downward  thrust  of  the 
guy  strains  and  gravity  loads. 
However,  porcelain  has  a high 
strength  in  compression,  so  pivot 
insulators  of  the  type  illustrated  in 
Fig.  9 can  support  even  the  most 
massive  structures. 

Guy  anchors  require  careful  in- 
vestigation of  soil  conditions  and 
installation.  For  strains  up  to  a 
few  tons  in  medium  or  hard  soil, 
galvanized  guy  anchors  equipped 
with  bearing  plates  or  suitable  for 
use  with  a deadman  buried  in  the 
ground  are  often  employed.  These 
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are  inexpensive  and  easy  to  install ; 
even  if  the  largest  size  cannot  sup- 
port all  the  guys  in  a set  it  is 
worthwhile  providing  more  than 
one  anchorage  if  this  allows  their 
use.  In  soft  soil,  and  where  guy 
strains  are  several  tons,  concrete 
footings  must  generally  be  de- 
signed. Shaping  them  along  the  line 
of  average  direction  of  guy  pull 
saves  material  and  labor  and  the 
use  of  a wedge-shaped  plate  trans- 
mitting guy  pulls  to  the  anchor  al- 
lows self-alignment  of  the  guys. 

Materials 

Steel  towers  are  low  in  first  cost, 
but  their  weight  is  a factor  in  ship- 
ping and  erection  expense.  Even 
though  galvanized  they  are  usually 
painted  periodically  in  all  but  quite 
dry  climates ; this  expense  is  neces- 
sary in  any  case  where  the  Civil 
Aeronautics  Authority  declares  a 
tower  to  be  a hazard  to  air  traffic 
and  requires  that  it  be  painted  in 
orange  and  white  stripes  for  maxi- 
mum visibility. 

Aluminum  has  become  important 
as  a tower  material  since  the  devel- 
' opment  of  strong  and  corrosion-re- 
sistant alloys.  Having  a modulus 
of  elasticity  about  one  third  that  of 
steel,  an  aluminum  - alloy  tower 
under  load  deflects  roughly  three 
times  as  much  as  a steel  tower  made 
to  the  same  design.  The  alloys  used 
for  towers  weigh  about  one  third  as 
much  as  structural  steel,  and  their 
yield  point  in  tension  is  about  a 
third  higher.  In  order  to  reduce 
deflection,  deeper  sections  are  used, 
but  good  designs  are  on  the  market 
which  are  about  40  percent  of  the 
weight  of  a structural  steel  tower 
having  the  same  load  capacity. 
They  are  more  expensive  than  steel 
structures,  but  in  many  cases  the 
additional  first  cost  is  offset  by  sav- 
ings in  shipping  and  erection. 

Stainless  steel  is  the  best  mate- 
rial for  towers  from  the  corrosion 
standpoint,  but  is  quite  expensive. 
In  its  annealed  state,  18-8  stainless 
steel  has  a yield  strength  about  the 
same  as  structural  aluminum  and 
higher  than  structural  steel.  How- 
ever, most  stainless  steel  used  for 


antenna-support  structures  is  in 
the  form  of  tubing,  where  the  cold 
working  accompanying  the  drawing 
operations  materially  raises  its 
strength.  Especially  where  a tower 
need  not  be  painted,  stainless  steel 
towers,  like  aluminum,  effect  sav- 
ings in  shipping,  erection  and  main- 
tenance. 

Magnesium  alloys  will  undoubt- 
edly play  an  important  part  in  the 
future  of  antenna  support  struc- 
tures. Substantially  lighter  and 
more  corrosion  resistant  than  alum- 
inum, they  permit  the  erection  of 
massive  towers  with  little  gear. 
Research  is  producing  stronger  al- 
loys and  gradually  eliminating 
detrimental  factors  such  as  the  sus- 
ceptibility of  magnesium  to  notch- 
effect  failures. 

Phenolic  resin-bonded  plywood 
was  used  for  mass-produced  masts 


up  to  about  100  feet  in  height  dur- 
ing World  War  II.  It  has  the  ad- 
vantages of  low  cost,  easy  erection, 
low  maintenance  and  the  employ- 
ment of  noncritical  material.  How- 
ever, it  has  a shorter  life  and  less 
load  capacity  than  most  metal  types 
and  must  be  lowered  when  an- 
tennas are  to  be  tuned  or  serviced. 
Postwar  development,  particularly 
in  the  direction  of  using  fiberglass 
as  a filler  material,  has  improved 
the  quality  of  this  type  of  product; 
it  is  especially  useful  for  testing 
work  and  temporary  installations 
where  frequent  moving  of  equip- 
ment is  necessary. 

Wooden  masts  and  towers  are 
rarely  satisfactory  at  heights  above 
60  feet  althought  many  up  to  260 


feet  were  built  in  wartime  because 
of  the  shortage  of  metals.  Design 
requires  great  care  and  flawless 
materials  must  be  used.  The  allow- 
able stress  being  low,  sections  are 
bulky  and  the  wind  loads  conse- 
quently quite  high. 

Selection  of  Site 

Guyed  towers  require  substantial 
areas  for  guy  anchorage.  Installa- 
tion on  a rooftop  adds  to  the  height 
but  roof  framing  must  often  be 
reinforced  for  the  tower  base  and 
sometimes  for  guy  anchorage  as 
well.  One  method  of  anchoring 
guys  on  a rooftop  of  limited  area  is 
shpwn  in  Fig.  10;  alternate  meth- 
ods include  running  one  or  more 
guys  to  the  ground  or  to  another 
building. 

Self-supporting  towers  require 
less  room  for  the  base,  but  legal 


liability  exists  where  the  structure 
might  fall  onto  property  owned  by 
others;  insurance  must  be  figured 
into  the  maintenance  cost  so  some- 
times it  is  cheaper  to  acquire  land 
around  the  tower  to  reduce  this 
charge.  Reinforcement  of  roof 
framing  to  anchor  a self-support- 
ing structure  is  usually  more  costly 
than  for  a guyed  structure  of  the 
same  height  because  of  the  tensile 
loads  the  base  must  resist,  but  guy 
anchorages  are  eliminated. 

Soil  conditions  should  be  deter- 
mined before  the  selection  of  a 
tower  to  be  ground  mounted.  Soft 
or  swampy  ground  may  dictate  the 
choice  of  a self-supporting  tower 
with  the  base  spread  as  much 
as  possible.  A guyed  structure 
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mounted  on  soft  ground  should  be 
as  small  and  light  as  possible;  some 
of  the  stainless  steel  towers  made 
of  round  tubing  are  costly  but  their 
wind  loads  are  low,  their  vertical 
thrust  against  the  ground  corres- 
pondingly small  and  the  base  re- 
quired less  elaborate  than  for  more 
massive  steel  units.  In  temperate 
or  cold  climates  the  footings  should 
go  at  least  below  the  frost  line  for 
safety. 

Rock  footings  are  relatively 
simple.  Usually  holes  are  drilled, 
steel  rods  with  appropriate  cross- 
members for  bonding  inserted,  and 
the  holes  filled  with  concrete.  In 
the  case  of  the  lighter  structures, 
the  rod  itself  can  be  used  as  an 
anchor  bolt  attached  to  one  leg  of 
the  tower.  For  heavier  structures 
a triangle  or  square  of  metal  fitting 
the  leg  angles  of  the  tower  is 
buried. 

Accessibility  of  the  site  will 
sometimes  be  a major  determinant 
in  selection  of  an  antenna  support 
where  there  are  serious  limitations 
of  carriers  and  roads. 

Erection  Methods 

For  crane  erection,  either  an  en- 
tire structure  or  a few  bottom  sec- 
tions are  assembled  on  the  ground. 
A truck  or  crawler  crane  hooked  to 
the  structure  just  above  its  center 
of  gravity  lift§  the  unit  and  lines 
attached  to  the  bottom  end  swing  it 
into  an  upright  position.  The 
crane  then  lowers  it  onto  the  anchor 
bolts.  Crawler  cranes  capable  of 


lifting  up  to  ten  tons  at  the  end  of 
a 100-foot  boom  are  available  in 
most  centers  of  population  in  this 
country,  so  units  up  to  possibly  200 
feet  high  can  be  erected  by  this 
method.  However,  great  care  must 
be  exercised  in  raising  units  over 
100  feet  high,  because  the  guyed 
units  especially  are  quite  limber, 
and  buckling  may  occur.  Rental  of 
cranes  is  expensive,  but  the  crane  is 
needed  only  for  the  minimum  hir- 
ing period  of  one  day.  Gin  poles 
and  A-frames  can  take  the  place  of 
the  crane  for  smaller  units. 

For  piecemeal  erection  the  bot- 
tom section  of  the  structure  is 
erected  as  a unit.  A jib  is  then 
attached  to  one  corner  post,  project- 
ing up  more  than  half  the  length  of 
the  next  corner  post.  This  jib  is 
used  with  a pulley  and  rope  to  raise 
the  members  of  the  next  bay.  After 
the  bay  is  completed  the  jib  is 
again  raised.  A winch  on  the 
ground  may  be  used  to  lift  the 
material,  or  a jeep  or  truck  may  be 
used,  employing  a pulley  on  the 
ground  to  change  the  direction  of 
pull.  Piecemeal  erection  is  neces- 
sary on  the  more  massive  towers; 
when  mounted  on  prefabricated 
sections  the  jib  may  raise  an  entire 
tower  section.  Some  manufactur- 
ers supply  jibs  suitable  to  their 
towers  on  a sale  or  rental  basis. 
Where  a massive  structure  is  to  be 
erected  on  a rooftop  it  must  be 
determined  whether  there  is  room 
on  the  roof  to  install  a hoisting  der- 
rick to  lift  the  members  or  whether 


they  must  be  carried  up  in  elevat- 
ors. These  conditions  may  dictate 
a maximum  size  of  members,  which 
would  control  the  basic  design. 

For  boom  erection  many  guyed 
masts  are  equipped  with  four  sets 
of  guys  instead  of  the  minimum 
three.  The  boom,  which  may  be 
one  quarter  to  a third  the  length 
of  the  mast,  is  attached  to  the  mast 
base  at  right  angles  to  it,  and  the 
base  itself  is  equipped  with  a hinge. 
The  mast,  including  all  the  guys,  is 
assembled  on  the  ground  and  the 
boom  is  attached  in  a vertical  posi- 
tion. One  set  of  guys  is  attached 
to  the  boom,  shortened  as  neces- 
sary. Two  sets  are  attached  to 
their  ground  anchors.  The  fourth 
set,  opposite  the  boom,  is  attached 
to  a truck  or  held  by  manpower.  A 
line  fastened  to  the  end  of  the  boom 
is  pulled  in  the  direction  opposite 
the  mast,  and,  as  the  boom  end  is 
pulled  down,  the  mast  is  raised. 
At  some  point  near  plumb  the 
weight  of  the  boom  balances  the 
weight  of  the  mast;  beyond  this 
point  the  mast  falls  into  an  upright 
position  and  the  fourth  set  of  guys 
opposite  the  boom  must  take  up 
their  slack  and  ease  the  mast  into 
position. 

Maintenance 

Materials  of  construction,  fasten- 
ings, climatic  conditions  and  re- 
quired length  of  life  determine 
mantenance  requirements. 

Painting  is  the  most  costly  repet- 
itive item  and  the  one  most  often 
neglected.  Aluminum  structures 
need  not  be  painted  unless  they  are 
exposed  to  salt  air  or  industrial 
fumes  corrosive  to  the  metal ; in  the 
former  case  they  need  painting  less 
often  than  galvanized  steel  if  a 
zinc  chromate  priming  coat  has 
been  well  applied.  In  dry  climates 
galvanized  steel  does  not  need 
painting  either,  though  both  it  and 
aluminum  are  subject  to  weather- 
ing which  may  make  their  appear- 
ance undesirable.  Galvanizing  pro- 
vides a better  paint  base  than  bare 
steel,  as  also  do  Parkerizing  and 
similar  chemical  treatments  for 
metals. 

Bolts  are  the  first  parts  of  a 


FIG.  10 — ^Use  of  guy  anchor  column  on  rooftop  of  limited  area 
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tower  to  show  signs  of  corrosion  in 
most  cases,  even  when  painted. 

Streaks  below  a bolt  head  may  in- 
dicate only  the  combined  effects  of 
rain  and  dust;  nothing  need  be 
done  about  them  until  wire  brush- 
ing shows  bare  metal  has  been  ex- 
posed or  pitting  started.  When 
bolts  and  nuts  begin  to  rust  on  an 
aluminum  tower  wire  brushing  and 
painting  will  save  them. 

About  six  months  after  a tower 
has  been  erected,  or  after  its  first 
winter,  all  the  bolts  should  be  tight- 
ened and  any  showing  signs  of  cor- 
rosion painted  or  replaced.  Subse- 


quent tightening  need  only  be  done 
once  a year,  but  signs  of  misalign- 
ment or  damage  should  be  promptly 
attended  to. 

Guys  should  be  adjusted  at  erec- 
tion so  that  the  structure  is  per- 
fectly plumb  and  straight  with  all 
the  slack  taken  out  of  the  guys 
and  all  equally  taut.  Some  manu- 
facturers supply  guy-tensioning  de- 
vices based  on  spring-adjusted  turn- 
buckles,  but  screw  turnbuckles 
should  be  provided  in  addition  to 
these.  Guys  should  be  checked  four 
times  a year  or  after  severe 
storms;  all  wire  rope  is  subject  to 
stretching. 


Lighter  units  generally  have 
bracing  handy  for  climbing,  and 
more  massive  units  are  usually  pro- 
vided with  a ladder.  Where  brac- 
ing is  too  widely  spaced  for  climb- 
ing, extra  horizontals  on  one  face 

may  be  provided  to  form  a ladder, 
or  one  corner  post  may  be  fitted 
with  cantilever  climbing  rungs. 

Tubular  masts  can  be  fitted  with 
ladders  or  rungs  attached  to  clamp 
rings.  These,  of  Course,  add  to 
wind  resistance.  A mast  is  usually 
painted  by  lowering  it,  or  by  using 
a boatswain’s  chair  suspended  from 
the  top  if  it  is  erect. 


Antifading  Broadcast  Antenna 


The  service  area  of  a broadcast  transmitter  within  which  interference  between  ground 
and  sky-wave  components  does  not  occur  can  be  extended  by  reduction  of  high-angle 
radiation  from  the  antenna.  Use  of  a sectional  mast  with  an  insulator  cancels  the 
progressive  wave  usually  found  on  fabricated  towers 

By  HELMUT  BRUECKMANN 


The  reception  of  a broadcast 
station  in  the  frequency 
range  0.5  to  1.6  me  is  frequently 
affected  by  fading  at  relatively 
short  distances,  especially  at  night. 
This  kind  of  fading,  which  results 
from  interference  of  ground  and 
sky  wave,  is  observed  at  distances 
of  about  50  to  100  miles  or  more. 
It  causes  linear  and  nonlinear  dis- 
tortion at  the  receiver,  sometimes 
to  an  extent  which  completely  spoils 
a high-quality  radio  program,  even 
with  avc  in  the  receiver.  This 
effect  is  true  also  for  a high-power 
station,  the  signal  from  which  is 
strong  enough  to  overcome  r-f 
noise.  As  a result,  a considerable 
part  of  the  potential  coverage  area 
of  many  radio  stations  suffers  from 
poor  reception.  In  order  to  achieve 
an  undisturbed  primary  coverage 
as  large  as  possible,  especially  at 
night  time,  many  high-power  radio 


stations  have  been  equipped  with 
antifading  antennas.  However, 
not  all  of  them  have  been  success- 
ful. 

In  1930,  German  broadcast  sta- 
tions started  to  use  a single  vertical 
wire  or  metal  rope  hung  in  the  axis 
of  a self-supporting  wooden  tower 
with  a height  in  the  order  of  half 
a wavelength  and  excited  elec- 
trically at  the  base.  Experience 
with  this  kind  of  antenna  in  respect 
to  reduction  of  fading  was  good. 
In  some  cases,  the  undisturbed 
night-time  primary  coverage  was 
increased  by  100  percent  in  area, 
compared  to  an  antenna  with  a 
height  of  one-quarter  wavelength 
or  less.  However,  the  maintenance 
of  the  wooden  tower  proved  to  be 
expensive  and  difficult,  and  many 
towers  were  destroyed  by  fire  or 
storm.  In  time  they  were  replaced 
by  self-radiating  steel  towers  which 


were  fed  at  the  base  in  the  same 
manner  as  the  one-wire  antennas. 
These  steel  towers  were  much 
cheaper,  easier  to  maintain  and  less 
subject  to  hazards.  However,  they 
were  disappointing  in  respect  to  re- 
duction of  fading. 

Beginning  in  1936,  several  inves- 
tigators showed  that  this  effect  was 
due  to  the  progressive  voltage-cur- 
rent wave  along  the  tower  which  is 
superimposed  on  the  standing  volt- 
age-current wave  as  shown  in  Fig. 
lA.  This  progressive  wave  carries 
the  energy  which  is  radiated  by 
each  element  of  the  antenna  or  dis- 
sipated by  losses.  In  a thin  con- 
ductor like  the  one-wire  antenna, 
the  progressive  wave  is  small  com- 
pared to  the  standing  wave  and, 
therefore,  the  radiation  of  the  pro- 
gressive wave  is  almost  negligible. 
In  a thick  conductor  like  a steel 
tower,  this  is  no  longer  true.  The 
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vertical  radiation  pattern  of  a 
simple  vertical  antenna  with  height 
H = 0.585  X is  shown  in  Fig.  IB, 
curves  1,  2 and  3,  for  different 
values  of  K. 

The  distance  for  which  ground 
and  sky  wave  are  equal  and,  there- 
fore, fading  is  worst  is , strongly 
affected  by  such  modification  of  the 
radiation  pattern,  as  illustrated  in 
Fig.  1C.  The  ground-wave  inten- 
sity is  based  on  measurements  with 
a certain  station  as  an  example. 
The  sky-wave  intensity  is  calcu- 
lated for  perfect  reflection  from  the 
E-layer  as  an  arbitrary  basis  of 
comparison.  It  is  apparent  that 
the  distance  for  which  ground  and 
sky  wave  are  equal  is  reduced  con- 
siderably with  a base-fed  mast  an- 
tenna, compared  to  a thin  vertical 
radiator,  namely  from  about  135 
miles  to  about  105  miles.  This  re- 
duction corresponds  to  a decrease 
in  undisturbed  area  of  40  percent. 


Principle  of  New  Antenna 

Around  1940,  the  author  sug- 
gested that  the  shaft  of  the  mast 
be  broken  up  by  an  insulator  some- 
where in  its  iipt>er  part,  and  that  it 

be  excited  electrically  at  this  sec- 
tional-mast insulator.  Although 
this  idea  was  not  in  itself  new,  no- 
body up  to  that  time  had  mentioned 
the  advantages  of  this  idea  in  re- 
spect to  antifading  action. 

Disregarding  the  physical  prob- 
lem of  transmitting  power  to  the 
sectional-mast  insulator,  by  tenta- 
tively locating  the  current  source 
at  this  point,  the  basic  idea  can  be 
illustrated  as  shown  in  Fig.  ID.  In 
respect  to  current  distribution,  the 
upper  part  of  the  mast  works  as  an 
open  one-wire  line  and  the  lower 
part  as  a one-wire  line  terminated 
by  an  inductance.  According  to 
the  flow  of  energy  there  is  a pro- 
gressive wave  superimposed  on  the 


FIG.  1 — (A)  standing,  progresslv*  and 
total  current  wares  on  radiator  fed  ot 
base.  (B)  rertical  pattern  of  vertical 
OUiSS-waTelength  radiator,  (C)  sky  and 
ground-wove  field  strengths,  and  (D) 
standing,  progrewdve  ond  totol  current 
waves  on  center-fed  radiator 


Table  I — Characteristics  of  Antenna  Operating  at  LI  95  kc 


Length  of  stub  in  feet  between  grounded 

58.7 

Loop-fed 

55.1 

52.0 

Base-fed 

* 

tap  and  base  of  mast 

Height  in  feet  of  the  current  node  above 

-0.8 

8.8 

16.8 

11 

ground 

Elevation  angle  in  degrees  of  null  of 

90 

62 

54 

65 

vertical  radiation  pattern 

Gain  in  db  in  the  horizontal  direction  due 

2.15 

2.40 

2.61 

to  pattern  (calculated) 

Input  impedance  in  ohms  of  the  coaxial  100— j51 

844-y37 

27-{-y35 

transmission  line 

Antenna  efficiency  in  percent,  including 

A 

73 

67 

62 

73 

matching  network 

Losses  in  stub  in  percent  of  the  input 

3 

10 

12 

4 

power 

Heat  losses  in  percent  along  the  mast 

0.7 

0.6 

0.7 

0.7 

(calculated) 

Losses  in  percent  in  coaxial  transmission 

1.4 

1.4 

4.2 

4 

line  inside  mast 

Ratio  of  current  in  percent  at  current 

2.9 

2.7 

26 

node  and  at  current  loop 

Voltage  in  kv  across  base  insulator 

5.9 

8.3 

10.2 

9.5 

Voltage  in  kv  across  sectional-mast 

5.7 

4.4 

6.9 

insulator 

Maximum  voltage  in  kv  across  coaxial 

6.8 

8.0 

13.0 

transmission  line  inside  mast 
Standing-wave  ratio  in  coaxiad  trans- 

2.2 

2.5 

7.9 

mission  line  inside  mast 

* Dueomieeted 
••  Shorted 

Voltagoi  are  for  100  kw  imi  unmodnlated  power 

input. 
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standing  wave  in  each  part  of  the 
mast,  traveling  upward  in  the 
upper  part  and  downward  in  the 
lower  part.  Each  of  the  two  pro- 
gressive waves  is,  near  the  current 
source,  about  half  as  strong  as  in 
the  case  of  excitation  dt  the  base. 
The  radiation  components  originat- 
ing from  them  cancel  each  other  at 
least  partially  because  of  the  op- 
posite direction  of  the  progressive 
waves.  For  the  sake  of  brevity, 
this  kind  of  antenna  may  be  called 
the  loop-fed  antenna,  in  contrast  to 
the  base-fed  antenna. 

As  shown  in  Fig.  2,  the  current 
distribution  in  the  lower  part  of 
the  mast  depends  upon  the  induct- 
ance which  is  connected  between 
the  base  of  the  mast  and  ground. 
This  means  that  the  vertical  radia- 
tion pattern  can  be  controlled  by 
varying  this  inductance.  In  order 
to  have  a pattern  suitable  for  re- 
duction of  fading,  it  is  not  neces- 
sary to  have  a current  loop  at  the 
sectional-mast  insulator.  Actually 
a current  distribution  similar  to 
that  in  Fig.  2B  is  more  favorable 
because  it  allows  reduction  of  the 
total  height  of  the  mast,  which  can 
be  as  low  as  0.4  wavelength.  Since 
the  inductance  at  the  base  can  be 
adjusted  conveniently,  it  is  possible 
to  adapt  the  antenna  during  opera- 
tion to  a change  in  ionospheric  con- 
ditions, as  it  happens,  for  example, 
during  spring  and  fall. 

A simple  way  to  feed  the  antenna 
at  the  sectional-mast  insulator  is 
shown  in  Fig.  3A.  A coaxial  r-f 
cable  is  wound  as  a big  coil.  Its 
outer  conductor  is  connected  be- 
tween the  base  of  the  mast  and 
ground,  representing  the  induct- 
ance mentioned  above.  The  inner 
conductor  of  this  cable  is  continued 
through  the  inside  of  the  lower 
part  of  the  mast  and  insulated  from 
it  up  to  the  lower  end  of  the  upper 
part  of  the  mast.  This  continua- 
tion of  the  inner  conductor  and  the 
mast  itself  form  a coaxial  transmis- 
sion line,  with  the  mast  as  the  outer 
conductor.  A current  equal  in 
phase  and  magnitude  and  opposite 
in  direction  to  the  current  in  the 
inner  conductor  flows  on  the  inner 
surface  of  the  lower  part  of  the 


mast.  No  radiation  originates 
therefrom.  At  the  sectional-mast 
insulator,  this  current  goes  around 
the  rim  of  the  mast  shaft  and  con- 
tinues on  the  outside  surface. 

Normally,  a tuning  and  matching 
network  would  be  introduced  at  the 
sectional-mast  insulation  between 
the  antenna  terminals  and  the 
coaxial  cable.  However,  in  this 
case  it  is  not  necessary.  On  that 
part  of  the  coaxial  transmission 
line  which  is  formed  by  the  mast 
itself  and  the  inner  conductor,  even 
a high  standing-wave  ratio  does  not 
matter,  both  from  the  standpoints 
of  power  losses  and  break-down 
voltage  of  the  insulators,  because  of 
the  great  dimensions  available. 


Therefore,  it  is  sufficient  to  have  a 
matching  and  tuning  network  at 
the  lower  end  of  the  lower  part  of 
the  mast  shaft  where  it  can  be 
operated  conveniently.  Even  more 
convenient,  the  matching  network 
can  be  installed  at  the  grounded  end 
of  the  coil  of  coaxial  cable. 

In  order  to  determine  how  much 
the  loop-fed  antenna  actually  im- 
proves sky-wave  suppression,  field 
strength  measurements  by  airplane 
were  made  with  a 330-foot  high 
antenna  model  operated  at  1,640  kc. 
For  an  elevation  angle  of  43  de- 
grees, the  field  strength  was  re- 
duced by  about  14  db  compared  to 


the  base-fed  antenna,  and  by  23  db 
compared  to  a simple  short  an- 
tenna. In  effect,  the  loop-fed  mast 
is  about  equal  to,  if  not  better  than, 
the  base-fed  one-wire  antenna  in 
respect  to  the  sky-wave  suppression. 

The  calculated  field  strength  of 
the  reflected  sky  wave  as  a function 
of  the  distance,  when  based  on  the 
measured  pattern,  is  shown  in  Fig. 
1C.  According  to  this  diagram,  the 
undisturbed  primary  coverage  at 
night  time  is  increased  consider- 
ably; namely,  by  about  30  percent 
in  radius  or  68  percent  in  area, 
compared  to  a base-fed  mast. 

Radio  Frankfort  Antenna 

The  first  broadcast  transmitter 


which  was  to  have  obtained  a per- 
manent version  of  the  loop-fed  an- 
tenna was  the  100-kw  station  in 
Berlin,  Germany.  The  war  pre- 
vented this  and,  instead,  such  an 
antenna  was  erected  in  1946  for 
the  100-kw  station  in  Frankfort-on- 
Main.  Meanwhile,  the  antenna 
originally  planned  for  Berlin  is 
thought  to  have  been  erected  also. 

The  antenna  for  Radio  Frankfort 
is  a 402-foot  steel  tower  with  uni- 
form square  cross  section.  The  sec- 
tional-mast insulator  is  at  a height 
of  269  feet  so  that  the  upper  part 
of  the  tower  is  133  feet  long.  The 
construction  of  this  sectional-mast 


FIG.  2 — ^Effect  of  Toriotioa  of  series  impedance  Xjg  at  base  of  loop-fed  antenna  on 

current  distribution 
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insulator  is  similar  to  that  used  for 
station  WMAQ. 

At  the  time  of  the  erection  in 
1947,  it  was  a problem  to  provide 
for  the  necessary  inductance  be- 
tween the  lower  end  of  the  mast 
shaft  and  the  ground  system.  This 
inductance  could  not  be  established 
by  a coaxial  cable  wound  into  a coil, 
as  indicated  in  Fig.  3A,  because 
there  was  no  100-kw  cable  avail- 
able. Instead,  sections  of  another 
mast  of  identipal  construction  were 
used  to  build  a kind  of  short-cir- 
cuited stub.  They  are  hung  up  hori- 
zontally by  strain  insulators  at  a 
distance  of  20  inches  above  the 
ground  in  such  a way  that  they 
form  one  big  loop  with  a diameter 
of  64  feet,  as  shown  in  Fig.  3B. 
One  end  of  this  stub  is  connected 
to  the  base  of  the  antenna,  the 
other  end  is  grounded.  By  moving 
the  tap  for  the  ground  connection 
along  the  stub,  the  reactance  that  is 
effective  between  the  base  of  the 
antenna  and  ground  can  be  varied 
conveniently,  providing  a simple 
means  of  adjusting  the  current  dis- 
tribution along  the  antenna  and, 
consequently,  the  vertical  radiation 
pattern. 

In  the  axis  of  this  stub,  the  same 
kind  of  copper  rope  as  used  in  the 
axis  of  the  mast  is  hung  up  by 
strain  insulators.  At  the  base  of 
the  antenna,  it  is  connected  directly 
to  the  copper  rope  in  the  axis  of 
the  antenna.  At  the  other  end  it  is 
connected  to  a matching  and  tuning 
network.  In  this  way  the  coaxial 
transmission  line  represented  by 
the  copper  rope  inside  the  antenna 
and  the  mast  shaft  is  continued  to 
the  point  where  the  outer  conductor 
is  grounded.  In  view  of  the  high 
voltage-rating  of  this  coaxial  trans- 
mission line  inside  the  stub,  there 
is  no  danger  of  flashing  over,  even 
with  a high  standing-wave-ratio. 
Therefore,  the  matching  and  tun- 
ing network  could  be  installed  out- 
side the  mast  shaft  in  a small  tun- 
ing house. 

The  actual  performance  of  this 
antenna  was  measured  for  three 
different  settings  of  the  tap  for  the 
ground  connection  on  the  stub  cor- 
responding to  three  different  radia- 


tion patterns.  Some  of  the  results 
are  listed  in  Table  I.  A total  an- 
tenna efficiency  of  73,  67  and  62 
percent  was  obtained  correspond- 
ing to  a total  loss  of  1.4,’ 1.7,  and  2.1 
db  respectively,  a relatively  high 
efficiency  considering  the  inex- 
pensive ground  system  used  and 
the  high  frequency  of  1.2  me.  Even 
with  these  losses,  the  ground-wave 
field  strength  is  greater  than  that 
of  a quarter-wave  antenna  with  an 
efficiency  of  100  percent. 

Power  Losses 

About  1.4  to  4.2  percent  of  the 
input  power  was  found  to  be  dis- 
sipated in  the  coaxial  transmis- 
sion line  inside  the  tower.  This 
is  not  too  much  considering  that 
this  coaxial  line  has  a high  stand- 
ing-wave ratio.  Another  3 to  12 
percent  of  the  input  power  is  lost 
in  the  stub.  This  is  due  to  the 
low  characteristic  impedance  of  the 
stub,  only  62  ohms,  which  is  unfa- 
vorable but  could  not  be  avoided  be- 
cause of  lack  of  material.  Without 
restriction  in  material,  the  losses 
could  have  been  made  much  smaller. 
The  balance  of  about  10  percent 
loss  probably  is  due  chiefly  to 
ground  losses.  Equally  satisfactory 


are  the  voltage  ratings  of  the 
antenna. 

Preliminary  field  strength  re- 
cordings at  night  time,  at  a dis- 
tance where  the  fading  with  a 
simple  quarter-wavelength  antenna 
at  the  transmitter  previously  had 
been  serious,  showed  that  the  fad- 
ing at  Radio  Frankfort  is  much 
smaller  than  the  signal  of  another 
station  equipped  with  a quarter- 
wave  antenna  located  at  the  same 
place  and  with  almost  the  same  fre- 
quency. Final  tests  have  not  yet 
been  made  in  respect  to  the  area 
undisturbed  by  fading. 

The  new  antenna  also  has  ad- 
vantages in  respect  to  its  usable 
frequency  range.  Full  benefit  of 
its  antifading  action  can  be  ob- 
tained in  a frequency  range  of 
about  ±20  percent  of  the  fre- 
quency for  which  it  is  designed, 
without  any  alteration  of  the 
antenna  itself,  just  by  properly  ad- 
justing the  tap  for  the  ground  con- 
nection on  the  stub.  If  the  antenna 
is  required  to  operate  at  a fre- 
quency outside  of  this  range,  it  can 
be  used  as  a base-fed  antenna  with 
the  coaxial  cable  inside  the  mast 
working  as  a stub,  shown  in  Fig. 
3C.  With  this  mode  of  excitation. 
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FIG.  3 — (A)  current  flow  in  loop-fed  antenna,  (B)  loop-fed  antenno  with  motching 
network  outside  mast,  and  (C)  equivalent  circuit  of  loop-fed  antenna  operated 

as  base-fed  type 
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and  with  a suitable  reactance  Xt 
between  the  inner  conductor  and 
the  lower  end  of  the  mast,  the  radi- 
ation efficiency  at  low  frequencies 
is  higher  than  with  a simple  steel 
tower  because  its  effective  height 
can  be  increased  by  making  the  in- 
put impedance  of  the  coaxial  cable 
inside  the  mast  at  the  sectional- 
mast  insulator  inductive.  At  higher 
frequencies  the  sectional-mast  in- 
sulator can  be  used  to  decrease  the 
electrical  height  of  the  antenna  in 
order  to  obtain  a more  suitable  ver- 
tical radiation  pattern  by  making 


the  input  impedance  of  the  coaxial 
cable  capacitive.  It  is  also  possible 
to  operate  the  antenna  as  a simple 
base-fed  mast  by  short-circuiting 
the  sectional-mast  insulator.  This 
possibility  may  be  useful  in  case  of 
trouble  with  this  insulator. 
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and  Graziadei  and  others  involved 
in  the  development  of  the  antenna 
which  was  carried  out  under  the 
supervision  of  the  author  in  the 
Forschungsantalt  der  Deutschen 
Reichspost,  Berlin,  Germany. 
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Tower  Carrier  Alarm 

By  KARL  NEUWIRTH 


The  purpose  of  the  alarm  is  to 
alert  the  operator  in  case  of  carrier 
failure  at  either  tower  of  the  two- 
tower  array. 

When  normal  energy  is  radiated, 
the  two  relays  and  Kz  shown  in 
Fig.  1 are  held  with  contacts  open 
by  the  rectified  r-f  current  fed  back 
from  each  tower.  An  abnormal  con- 
dition an3rwhere  in  the  transmitter, 
transmission  line  or  at  either  tower 
will  cause  a decrease  in  radiated 
power.  Either  or  both  relays  will 
then  fall  out,  causing  an  alarm  bell 
to  ring. 

Sometimes  static  discharges  or 


FIG.  1 — Carrier-failure  alarm  used  ot 
WNEW.  The  East  tower  unit  is  similar 
to  that  used  at  the  West  tower 


electric  storms  establish  arcs  at  a 
transmitter  tower  gap.  These  are 
sustained  by  the  transmitter  output 
and  yet  are  Of  insufficient  propor- 
tion to  trip  the  transmitter  overload 
relays.  The  alarm  described  will 
quickly  indicate  such  a condition. 
The  arc  is  extinguished  by  cutting 
the  carrier  momentarily. 

Switches  Si  and  S2  in  the  diagram 
are  momentary-break  types  used  to 
test  the  alarm.  The  milliammeters 
indicate  visually  the  strength  of 
current  in  each  tower.  The  pickup 
rods  are  mounted  close  to  the  an- 
tenna-feed leads. 


Directional  Antennas  for  A-M  Broadcasting 


Simplified  and  practical  method  of  calculating  radiation  patterns  for  two  and  three-tower 
arrays  when  determining  coverage  and  protection.  An  example  is  given  that  provides  a 


convenient  check  list  of 


Although  directional  antennas 
.have  long  been  in  'use  by  a-m 
broadcasting  stations,  some  engi- 
neers regard  them  with  awe,  and 
surround  them  with  an  aura  of 


the  operations  involved  in  j 

By  JOHN  H.  BATTISON 

mystery.  Many  regard  the  calcula- 
tions involved  as  being  beyond  their 
capabilities  when,  in  fact,  nothing 
more  than  an  elementary  knowledge 
of  the  basic  operation  of  a single 


lotting  a complete  pattern 


antenna  and  the  ability  to  perform 
simple  trigonometry  is  required.  It 
is  the  object  of  this  article  to  dis- 
perse some  misconceptions,  and 
simplify  directional-antenna  calcu- 
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lations  for  two  and  three-tower 
arrays. 

Two-Tower  Array 

Figure  1 shows  the  basic  dia- 
gram for  the  field  at  one  point 
caused  by  two  antennas.  The 
nomenclature  used  to  perform  the 
functions  is  given  below,  although 
all  engineers  do  not  necessarily  use 
exactly  the  same  symbols  for  some 
parameters. 

dr  — angle  between  reference  line  R-R'  and 
axis  of  array 
/i  = current  in  tower  1 
It  = current  in  tower  2 
T = ratio  of /j  to /i  (current  ratio  for  similar 
towers,  or  field  ratio  for  dissimilar) 
tp  = phase  angle  of  tower  2 with  reference 
to  tower  1 


140  ISO  160  170  ISO  190  200  210  220 

220  210  200  190  ISO  170  160  ISO  140 


Pattern  from  two  ontenno  elements  of 
equal  height  spaced  45  degrees,  with 
equol  currents  in  each  element  and  phose 
angle  of  180  degrees 

0A  ==  phase  difference  between  tower  2 and 
tower  1 at  point  P* 

Pfc  = point  at  infinity,  or  such  distance  that 
lines  drawn  from  the  towers  to  P*  may 
be,  considered  parallel  (horizontal) 

P,  = same  as  Pk,  except  above  the  horizon 
in  vertical  plane 

a = vertical  angle  to  P»  in  space 
6h  = angle  between  R-R’  and  line  to  P* 

S = spacing  between  towers  in  degrees  (360 
degrees  equals  one  wavelength) 

9 = angle  between  axis  of  array  and  true 

north,  used  when  plotting  on  chart  to 
obtain  correct  orientation  for  coverage 
required  and  protection 
0 ■■  height  of  tower  in  degrees 

When  calculating  the  radiation 
pattern  for  a two-tower  array,  it  is 
usual  to  number  the  towers  1 and  2, 
and  to  place  them  at  random.  “Ran- 
dom” is  used  in  the  sense  of  being 
an  arbitary  placement  dependent 
on  the  whim  of  the  engineer, 
subject  to  the  dictates  of  com- 
mon sense  and  necessity.  In  prac- 
tice, the  engineer  usually  has  an  ap- 


proximate idea  of  the  basic  pattern 
obtainable  from  certain  standard 
combinations  of  tower  spacing  and 
phasing.  From  these  he  can  esti- 
mate how  the  final  pattern  will  ap- 
pear. But  eventually  the  problem 
boils  down  to  one  of  trial  and  error 
until  a pattern  is  obtained,  with 
reasonable  constants,  which  gives 
the  protection  required. 

Tower  1 is  taken  as  the  reference 
tower  and  all  quantities  are  stated 
with  reference  to  this  tower.  The 
reference  line  R—R'  is  drawn 
through  tower  1,  at  random.  A point 
is  located  on  a circle  whose 
center  is  equidistant  between  tow- 
ers 1 and  2,  and  such  a distance 
that  lines  joining  P»-tower  1,  and 
P»-tower  2 may  be  regarded  as 
parallel  (actually  the  error  is  so 
slight  that  it  may  be  ignored  in 
practice) . 


Calculation 

The  basic  information  has  now 
been  presented  in  a form  which  en- 
ables the  designer  to  see  what  he  is 
doing  and  how  each  step  may  be 
taken.  Consider  the  field  at  P*. 
The  radiation  from  tower  1 has  to 
travel  farther  than  the  radiation 
from  tower  2 by  a distance  S cos 
(0r  — 0»).  This  is  also  the  case  if 
Pa  is  on  the  other  side  of  the  axis. 
Line  A-A'  of  the  array,  that  is  for 
values  of  (d,  — 00  between  —90 
degrees  and  -f90  degrees,  S cos 
(^r  — ^a)  is  plus,  but  when  it  is 
between  -f90  and  -f270  ST  cos 
(0r  — dh)  is  negative.  This  pro- 
vides the  first  clue  to  the  manner  in 
which  the  pattern  is  obtained,  since, 
depending  on  the  length  of  the 
paths  to  Pa,  all  signals  arriving  at 
P*  will  either  reinforce  or  buck 
each  other,  thus  giving  rise  to  the 
characteristic  pattern  for  these 
parameters. 

Consider  the  initial  phase  differ- 
ence at  the  towers.  It  will  be  ob- 
served that  the  phase  relationship 
of  the  fields  at  P*  resulting ‘from 
the  radiation  from  towers  1 and  2 
is  due  to  the  different  path  lengths. 
Therefore  the  tower  phase  differ- 
ence must  be  added  to  the  phase 
difference  to  obtain  the  total  phase 
difference.  The  total  phase  differ- 
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FIG.  1 — Basic  diagram  of  field  created 
by  a two-tower  array 

ence  between  towers  is  referred  to 
tower  1.  If  the  current  in  tower  1 
leads  the  current  in  2,  the  phase 
angle  ip  is  negative;  if  it  lags  in 
tower  1 then  t{/  is  positive.  Thus 
the  total  phase  difference  at  point 
Pa  is  given  by  the  expression: 

<l»,  = P S cos  (Br  — dh) 

For  the  purpose  of  this  discus- 
sion it  will  be  assumed  that  the  an- 
tennas are  identical,  although  it 
often  happens  that  due  to  a desire 
to  use  an  existing  tower  in  conjunc- 
tion with  a new  one,  two  dissimilar 
towers  will  be  used.  With  this 
assumption  the  field  from  each 
tower  is  proportional  only  to  the 
magnitude  of  the  current  in  the  re- 
spective towers,  and  since  they  are 
identical  the  only  thing  which  can 
cause  the  fields  to  differ  is  a cur- 
rent difference.  From  this  we  have 
a measure  of  the  field  strength  at 
Pa  in  the  magnitude  of  the  relative 
tower  currents.  Vectorial  repre- 
sentation of  the  component  fields  by 
the  magnitudes  of  h and  h makes 
possible  the  addition  of  vector  h to 
the  reference  h at  the  phase  differ- 
ence angle  0*  A vector  I,,  is  pro- 
duced, which  represents  the  result- 
ing field  strength.  In  that  direction 

Ih  = ly  li  Z.  <f>h 

To  obtain  the  antenna  pattern 
necessary  to  determine  the  direc- 
tion of  the  lobes  of  radiation  of 
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various  values  it  is  necessary  to 
compute  the  field  at  P*  for  all  angles 
from  the  center  of  the  axis  of  the 
array.  If  R-R'  is  made  to  coincide 
with  the  axis  of  the  array,  only 
azimuths  of  from  0 to  180  degrees 
need  be  calculated  and  S cos 
{6r  — 6),)  then  becomes  —S  cos 
It  will  a so  be  apparent  that  in 
the  case  of  a two-tower  array,  the 


towers  must  be  equidistant  from 
the  center  of  the  circle,  and  there- 
fore the  pattern  will  be  symmetri- 
cal. This  makes  it  necessary  to 
compute  only  one  side  of  the  array. 
These  values  are  now  plotted  on 
polar  paper  and  a unit  pattern  is 
obtained.  Before  this  can  be  used 
directly  to  compute  field  strengths 
at  various  points  it  must  be  con- 
verted to  absolute  field  strength  Eh. 


into  the  antenna  will  produce  a 
known  field  strength  at  one  mile. 
The  FCC  has  incorporated  these 
figures  into  the  Standards  of  Good 
Engineering  Practice,  and  so  by 
multiplying  the  field  intensity  at 
one  mile  produced  by  one  kilowatt, 
by  the  square  root  of  the  power  in- 
crease, the  assumed  rms  value  for 
the  array  will  be  found.  In  prac- 


tice, the  FCC  will  not  usually  ap- 
prove an  array  below  this  minimum 
efficiency.  The  horizontal  pattern 
is  now  obtained  by  plotting  the 
values  of  absolute  field  intensity 
for  360  degrees  at  intervals 
of  10  degrees  (or  less  in  critical 
directions).  From  this  it  can  be 
determined  whether  the  required 
protection  or  coverage  is  being 
obtained. 


grounded  and  that  the  current  dis- 
tribution is  sinusoidal,  then  the  ra- 
diation pattern  is  given  by 

^ _ cos  {G  cos  a)  — cos  G 
sin  a (1  — cos  G) 

where  G is  antenna  height  in 
degrees. 

As  was  done  in  computing  the 
horizontal  patterns,  the  radiation 
at  any  point  P,  in  the  vertical  plane 
is  obtained  by  adding  vectorially 
/•>  and  It  at  the  pertinent  phase 
angle,  and  then  multiplying  this 
result  by  the  vertical  radiation 
factor. 

Just  as  for  horizontal  patterns, 
the  total  phase  difference  of  the 
component  fields  observed  at  point 
P,  is  obtained  by  adding  the  phase 
difference  caused  by  the  difference 
in  the  length  of  the  radiation  paths, 
and  the  initial  phase  difference  of 
the  antennas. 

This  is  given  by 

-F  iS  COS  (dr  — Oh)  COS  « 

As  in  the  case  of  the  horizontal 
pattern  the  vectors  L and  It  are 
added  at  the  phase  angle  <^„.  The 
resulting  vector  is  then  multiplied 
by  F,  the  radiation  factor,  and  the 
same  conversion  factor  K as  was 
used  in  the  horizontal  pattern.  The 
resulting  signal  strength  at  one 
mile  Er,  is  plotted  in  mv  per  m on 
polar  paper  as  a vertical  section 
through  90  degrees  in  the  horizontal 
direction  involved. 

Thus 

h+h/.4>vXFX  K 


Eh  = K X Ih 


Array  rms 
Unit  rms 


Value  Kia  a constant  which  is  de- 
termined by  dividing  the  rms  of  the 
unit  pattern  into  the  assumed  rms 
value  of  the  array.  The  easiest 
way  to  do  this  is  to  measure  the 
unit  area  with  a planimeter,  and 
convert  it  to  a circle  of  equal  area. 
The  radius  is  measured  in  the  same 
units  as  h and  h (used  to  plot  the 
unit  pattern)  and  divided  into  the 
array  root  mean  square  value. 

General  engineering  experience 
has  determined  over  a long  period 
of  time  that  under  average  condi- 
tions of  efficiency  a given  power 


Vertical  Pottern 

The  method  of  calculating  the 
vertical  radiation  pattern  of  a two- 
element  array  is  very  similar  to 
that  for  the  horizontal  pattern,  the 
only  difference  being  a slight  modi- 
fication of  the  horizontal  method, 
and  the  application  of  the  radiation 
characteristic  of  a vertical  antenna. 
Most  readers  are  familiar  with  the 
fact  that  a single  vertical  antenna 
does  not  radiate  equally  in  all  ver- 
tical directions,  but,  as  is  shown  in 
Fig.  2,  the  intensity  varies  with  the 
angle  of  elevation  above  the  hori- 
zon. If  it  is  assumed  that  an  an- 
tenna is  operated  with  its  lower  end 


Three-Tower  Array 

The  method  of  calculation  for  a 
three-tower  array  is  exactly  the 
same  as  for  two  towers  except  that 
the  third  tower  has  to  be  included 
in  the  formulas.  Figure  3 shows 
the  basic  form  for  calculating  the 
field  at  Ph  from  a three-tower  di- 
rectional array.  Tower  1 is  the 
reference  tower  and  is  in  the  center. 
The  same  nomenclature  as  before  is 
used  with  the  addition  of  the  fol- 
lowing symbols  to  take  care  of  the 
third  tower: 

h = current  in  tower  3 
Tt  = ratio  of  current  in  h to  h 

= phase  difference  between  tower  1 and 
tower  3 
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\f/i  = phase  angle  of.  tower  3 with  reference 
to  tower  1 

Ss  = spacing  between  towers  3 and  1 in 
degrees 

6ri  = angle  between  R-R'  and  axis  of  towers 
1 and  3 

The  field  at  any  point  will  be 
determined  by  the  magnitudes  of 
the  currents  in  the  three  towers  and 
their  phases.  Radiation  from  tower 

1 travels  a distance  of  S cos 
(Or  — Ox)  more  or  less  than  radia- 
tion from  tower  2.  Also  radiation 
from  tower  1 travels  a distance  of 
5,  cos  (Ors  — Ok)  more  or  less 
than  radiation  from  tower  3.  If 
(Or  — Ok)  or  (On  — Ok)  is  between 
—90  and  -1-90  degrees  the  distance 
is  greater:  if  (Or  — Ok)  or  (Ors  — Ok) 
is  between  +90  and  +270  degrees, 
the  distance  is  shorter. 

As  in  the  case  of  a two-tower 
array,  the  initial  phase  differences 
must  be  added  to  those  resulting 
from  the  different  distances  to  P». 
Thus  the  total  phase  difference  with 
reference  to  tower  1 from  towers 

2 and  3 is  given  by 

Towers  1:2  <l>h  = + S cos  (dr  — 0h) 

Towers  1:3  4>hx  = ipa  + Sr,  cos  (0rn  — Ok) 

If  the  three  towers  are  similar, 
adding  the  vectors  for  the  currents 
in  the  three  towers  at  the  correct 
phase  angle  will  produce  a vector 
representing  the  resultant  field 
strength  of  the  unit  pattern  In 

Ih  — I\  J-l  ^ <t>h  I3  <f>hr 


From  here  on  the  method  is  exactly 
the  same  as  for  two  towers,  wjth 
the  exception  that  in  all  but  special 
cases  the  pattern  is  not  symmetrical 
and  therefore  all  values  of  Ok  from 
0 to  360  degrees  have  to  be  com- 
puted. 


The  vertical  radiation  factor  F 
is  computed  from 

^ _ cos  (G  cos  at)  — cos 
sin  a (1  — cos  G) 

The  phase  difference  at  point  P„  is 
computed  from 

Towers  1:2  <f)r  =4'  "I"  cos  (B  ^ — Oh)  cos  a 
Towers  1 :3  <f>v3  = + Ss  cos  (As  — A)  cos  a 

Adding  = 7i  J2  ^ <^>„  + /s  ^ <#>»s 


To  obtain  the  unit  horizontal  pat- 
tern, the  radiation  at  every  10  de- 
grees is  calculated.  For  example: 
suppose  Ok  = 40  degrees:  0,  = 20 
degrees : 

Then 

<i>h  = S cos  (Or  — Bk) 

Simplifying:  R — R'  is  made  to 
coincide  with  the  axis  of  the  array. 


Then  the  absolute  signal  strength 
at  one  mile  at  any  angle  a above  the 
horizon  in  any  direction  Ok  is : 

Er=  IrX  KXF 

Example 

The  following  example  of  the 
method  shows  the  calculation  of  the 
radiation  in  one  azimuth  for  the 
array  with  the  constants  shown 
below : 

7i  = /2  = 4 amperes 
5 = 45  degrees 
= 180  degrees 

G = 0.311  (112  degrees)  Gi  — G2 


FIG.  3 — For  calculating  the  field  of  a 
three-tower  array*  the  center  tower  is 
used  as  the  reference  point 


Then 

<f>h  ~ 4'  ~\~  ( ~~  S cos  Bh) 

= 145.5  degrees 

Now  7ff  = 7i  + 72  Z 145.5  degrees 
= 4 + 4 Z 145 . 5 degrees 

Adding  vectors  = 2.367 

This  is  the  scalar  length  of  a hori- 
zontal vector  at  40  degrees.  To 
obtain  the  complete  pattern,  this 
operation  is  repeated  every  10  de- 
grees. To  obtain  the  absolute  field 
at  one  mile  the  factor  K must  be 
applied. 


rms  array 
rms  unit 


175  V 5 

say,  — j = 325 


Then 

Eh  — K X Ih  — 325  X 2.4  = 780  mv 
per  m at  azimuth  40  degrees. 

To  obtain  the  vertical  pattern 
(unit)  at  20  degrees  the  procedure 
is  the  same  except  that  the  vertical 
formula  is  used  and  the  vertical 
radiation  factor  F has  to  be  calcu- 
lated from: 


„ cos  (G  cos  a)  — cos  G 

p = : ^ 

sin  a (I  — cos  G) 

This  is  then  applied  to  x K, 
becoming 

E^  = hX  KXF 
substituting:  Ev  = Iv  X 325  X 1 .36 
= h (448) 
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Horizontally  Polarized  Omnidirectional 

Antenna 

Provides  azimuth  ratio  less  than  3 dh  for  frequency  range  of  2,970  to  3,125  me  with 
good  voltage  standing-wave  ratio.  Vertical  pattern  has  half -power  points  at  45  degrees, 
which  gives  antenna  a gain  of  approximately  2 dh  over  half-wave  dipole 

By  C.  BRASSE,  JR.  AND  R.  THOMAS 


The  antenna  described  herein 
was  designed  for  use  in  the 
10-centimeter  band,  and  the  partic- 
ular application  for  which  it  was 
intended  required  that  the  azimuth 
ratio  be  less  than  1.5  db  at  the 
center  of  the  band. 

To  achieve  a perfectly  omnidi- 
rectional pattern  in  the  horizontal 
plane,  with  the  polarization  in  this 
plane,  the  ideal  radiating  element 
should  consist  of  a ring  of  uniform 
current.  In  practice,  this  type  of 
current  distribution  may  be  ap- 
proximated by  means  of  a number 
of  dipoles,  slots,  or  loops  arranged 
in  a circular  fashion  and  equally 
phased.  All  three  types  were  con- 
sidered in  connection  with  the  man- 
ner in  which  the  elements  could  be 
mounted  on  a l-inch  rigid  coaxial 
line,  for  convenience  of  manufac- 
ture, and  it  was  decided  that  best 
results  would  be  obtained  through 
the  use  of  loops  as  radiators. 

Constructional  Details 

A very  rugged  feed  system  for 
loops  can  be  easily  built  on  the  ^- 
inch  line  by  inserting  an  even  num- 
ber of  radial  rods  equally  spaced 
about  the  periphery  of  the  coax, 
alternate  rods  passing  through  to 
the  center  conductor.  Loops  are 
then  formed  by  joining  the  ends  of 
pairs  of  adjacent  rods,  as  shown  in 
Fig.  lA,  where  three  loops  are  ar- 
ranged on  six  rods. 

This  model  was  constructed  by 
using  screws  for  rods,  the  ones 
joining  the  inner  conductor  passing 
through  clearance  holes  in  the  outer 
conductor..  This  feed  system  can 
be  improved  mechanically  and  elec- 
trically by  the  use  of  slots  as  baluns 


and  impedance-matching  elements. 
Figure  2 shows  a side  view  of  this 
configuration,  and  Fig.  IB  shows 
how  the  slots  permit  the  proper  po- 
larities to  be  established.  In  this 
model,  the  screws  entering  the 
inner  conductor  are  also  soldered  to 
the  outer  conductor,  thus  forming 
a rigid  support  for  the  entire 
assembly. 

The  dimensions  of  the  loops  and 
the  resulting  current  distribution 
are  given  in  Fig.  1C  from  which  it 
can  be  seen  that  the  current  is  at  a 
relatively  high  level  at  the  rod  ends. 
Dipoles  could  be  used,  but  they 
would  have  to  be  longer,  and  the 
antenna  would  not  be  as  mechani- 
cally rigid  as  the  quarter-wave 
loops. 

It  would  of  course  be  possible  to 
use  the  slots  alone  as  radiating 
elements,  by  suitable  probe  feeding. 
In  this  case,  however,  the  depth  of 
the  probes  is  somewhat  critical  and 
involves  a tedious  procedure  of  ad- 
justment, especially  if  it  is  desired 
to  stack  two  or  more  sets  of  ele- 
ments to  increase  directivity  in  the 
vertical  plane.  By  the  use  of  loops, 
tuning  is  easily  accomplished  by 


increasing  the  length  of  the  slots, 
which  should  be  initially  cut 
slightly  less  than  a half  wavelength. 

A given  set  of  loops  will  in  gen- 
eral present  an  impedance  which 
has  low  resistance  and  a capacitive 
reactance,  and  the  negative  shunt 
susceptance  contributed  by  the  slots 


FIG.  2 — Side  view  of  configuration  giv- 
ing best  results 


will  serve  to  match  the  antenna  to 
the  line  with  a minimum  vswr  of 
about  1.5.  Increasing  the  loop 
perimeter  will  lower  its  apparent 
resistance  and  will  produce  a 
greater  departure  from  a circular 


FIG.  1 — Configurations  shown  at  B and  C are  improvements  of  that  shown  at  A. 
Addition  of  balun  slots  improves  electrical  and  mechanical  characteristics 
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azimuth  pattern,  due  to  the  shift 
of  current  distribution  along  the 
loops. 

A two-  stack  array  was  enclosed  in 
a hollow  Plexiglas  ball  as  a simple 
means  of  pressurizing  the  antenna. 
The  upper  loops  are  located  i wave- 
length below  the  shorted  end  of  tho 
coax,  and  the  lower  loops,  with  feed 
reversed  to  obtain  proper  phasing, 
are  spaced  i wavelength  below  the 
upper  set.  The  vertical  pattern  has 
a half-power  beamwidth  of  45  de- 
grees, equivalent  to  a gain  of  ap- 
proximately 2 db  over  a half-wave 
dipole.  Figure  3 shows  azimuth 


patterns  taken  at  2,970,  3,060  and 
3,125  megacycles  respectively,  and 
the  corresponding  azimuth  ratios 
are  seen  to  be  1.25,  1 and  3 db. 
These  patterns  were  taken  on  the 
Bendix  automatic  pattern-measur- 
ing equipment  which  provides  a 
continuous  recording  covering  a 
field  strength  range  of  50  db,  and 
incorporates  facilities  for  self  cali- 
bration in  order  to  insure  accuracy 
at  all  times. 

The  vswr  characteristics  of  this 
antenna  are  shown  in  Fig.  4. 

Only  three  loops  were  required 
for  each  element,  and  the  resulting 


FIG.  4 — Curve  shows  vswr  for  fre- 
quency range.  No  effort  was  made  to 
extend  range  by  broadbanding  tech- 
niques 

antenna  combines  satisfactory  elec- 
trical performance  together,  with 
mechanical  simplicity,  ruggedness 
and  ease  of  adjustment. 


FIG.  3 — Azimuth  patterns  show  azimuth  ratios  of  1.25.  1 ond  3 db  for  frequencies  of  2,970,  3,060  and  3,125  respectiyely 


Constructing  Helical  Antennas 


Physically  small  and  mechanically  simple  antennas  with  extremely  high  gain  can  be  built 
for  the  435-mc  amateur  band  and  for  Citizens  Radio  on  465  me.  Constructional  details 
for  several  types  are  given,  as  well  as  dimensions  of  an  impedance-matching  transformer 


A GREAT  DEAL  has  been  written 
about  the  use  of  circular 
polarization  employing  helical  an- 
tennas^’ *'  *’  “ but  there  is  little  in- 
formation available  describing  the 
construction  of  antennas  for  spe- 
cific frequencies  in  the  regions 
most  commonly  used  for  communi- 


for  use  with  coaxial  line 

By  E.  DILLON  SMITH 

cations.  Citizens  Radio  and  amateur 
communications  above  400  me  are 
particularly  susceptible  to  the  use 
of  high-gain  antennas  that  are  suf- 
ficently  compact  and  wieldy  at  these 
frequencies.  The  antennas  to  be 
described  and  the  method  of  feed- 
ing them  from  coaxial  lines  have 


been  proved  in  practice  for  the 
region  of  435  me,  as  well  as  for 
various  other  frequencies  including 
4661110. 

Although  the  type  of  antenna  to 
be  described  is  in  the  (form  of  a 
helix  to  give  end-fire  circularly 
polarized  radiation,  it  is  technic- 
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ally  nothing  more  than  a long  wire 
antenna.  In  the  design,  the  turns 
product  nS  can  be  fixed,  or  the 
total  length  of  wire  nL  (in  which 
L is  the  length  of  one  turn)  can  be 
selected.  The  former  method  is  the 
more  convenient.  Right  circular 
polarization  was  used. 

Magnitude  of  Gain 

A circular  transmitting  antenna 
operating  into  a linear  receiving 
antenna  can  be  visualized,  for  il- 
lustrative purposes  only,  as  being 
about  equivalent  to  two  parallel 
linear  stacked  end-fire  arrays  fed 
in  phase.  For  example,  a five-turn 
helix  with  a screen  is  here  visual- 
ized as  a ten-element  array  in  front 
of  a screen.  Such  a linear  array 
properly  designed  has  a theoretical 
gain  of  26  db  over  a dipole  but  is 
unusual  to  obtain  in  practice.  A riG.  2— Design  chart  for  435  and  465  me  using  Fig.  lA  notation 


DIAMETER  D IN  INCHES 


FIG.  1 — Geometry  of  a helical  antenna 
(A)  and  of  one  turn  of  the  helix  (B) 


circular  antenna  circuit  as  com- 
pared with  a linear  circuit  has 
shown  a measured  gain  of  18.9  db. 

Figure  1 gives  the  geometry  of 
an  antenna  of  n (five)  complete 
turns  wound  as  a right  circular 
helix  of  diameter  D with  turn 
spacing  S.  If  one  complete  turn  of 
the  helix  is  developed  onto  a plane 
the  general  dimensions  are  those 


given  in  Fig.  IB.  The  diameter  D 
and  th6  turn  spacing  S (or  D and 
the  pitch  angle  a)  completely 
specify  the  antenna.  Practical  de- 
sign curves  for  435  and  4&5-mc  an- 
tennas are  given  in  Fig.  2. 

The  antenna  works  because  its 
dimensions  are  so  chosen  that  an 
exciting  signal  radiated  from  A 
(Fig.  1)  will  arrive  at  B in  proper 
phase  relation  with  the  signal 
arriving  via  the  wire  path  L and 
to  be  radiated  at  B to  reinforce  the 
A or  A'  signal. 

Specific  design  data  for  two 
single-turn  and  five  five-turn  circu- 
lar antennas  are  given  in  Table  I. 
These  data  follow  the  notation  of 
Fig.  1 with  dimensions  taken  from 
the  design  chart  of  Fig.  2.  The 
frames  for  the  original  one  and 
five-turn  antennas  were  made  of 
redwood. 

Because  the  voltages  in  the  antenna 
are  high,  wood  frames  are  not  suit- 
able for  all-weather  high-power  op- 
eration (more  than  1 watt  or  so) 
unless  well  insulated.  One  ground 
screen  is  copper  mesh  while  that 
for  the  one-turn  radiator  is  one- 
inch  galvanized  mesh.  The  eight- 
turn  antenna  shown  in  Fig.  3 is 
mounted  on  special  compression- 
molded  glass  strips,  resulting  in  a 
mechanically  strong  and  electrically 


efficient  design. 

In  order  to  match  the  130-ohm 
surge  impedance  of  the  antenna  to 
a 53.5-ohm  coaxial  transmission  line 
there  is  required  an  83.2-ohm  trans- 
former. A suggested  design  for 
which  details  are  given  in  Fig.  4 is 
illustrated  in  Fig.  5 in  exploded, 
assembled  and  mounted  form.  If 
losses  are  to  be  kept  at  a minimum 
at  these  frequencies  it  is  highly 
important  that  all  transformer  in- 
ternal finish  be  perfectly  smooth, 
and  silver  plated.  A 5/32-inch 
center  conductor  rod  must  be  at- 
tached to  the  receptacle  as  shown 
in  Fig.  5 This  transformer  has 
been  used  to  connect  an  RG-58/U 
transmission  line  to  a 435-mc  circu- 
larly polarized  antenna. 

Performance  Data 

The  effectiveness  of  these  direc- 
tive antenna  systems  was  conven- 
iently obtained  from  the  ratio  of 
the  power  at  the  terminals  of  the 
receiving  circular  antenna  to  that 
at  the  terminals  of  a dipole,  with 
the  same  power  applied  to  the  trans- 
mitting antennas.  This  ratio  can  be 
expressed  as  power  gain  or  in  deci- 
bels. 

The  results  of  the  performance 
tests  on  six  circularly  polarized  an- 
tennas compared  to  a half-wave 
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horizontal  dipole  are  given  in  Table 
II.  They  are  expressed  in  terms  of 
beam  width  3,  the  power-gain  ratio, 
and  the  gain  in  db.  Antenna  No.  0 is 
the  half-wave  dipole  used  as  the 
basis  of  comparison.  Thus,  these 
data  are  relative  and  not  absolute. 


5-turn  pattern,  but  this  is  to  be 
expected  owing  to  intensifying  more 
power  into  a smaller  beam  width. 
The  front-to-back  ratio  of  these  an- 
tennas is  essentially  infinite,  which 
is  far  from  the  case  with  spaced  or 
Yagi  arrays. 


sons  can  be  made  with  the  aid  of 
Table  II. 

Other  Applications 

These  antennas  have  many  addi- 
tional uses.  For  the  13  amateur 
bands  from  14  to  21,000  me,  a cir- 


FIG-  3 — All-weather  high-gain  antenna  for  435  me  giving  measured  power  gain  of  246.  Insulation  is  compression-molded  glass  strip. 

Method  of  mounting  impedance  transformer  is  indicated  at  left 


Since  a horizontal  half-wave  di- 
pole has  a directional  radiation  pat- 
tern -its  beam  width  would  be 
descriptive  of  its  ability  to  radiate 
power  in  any  given  azimuth  or  hori- 
zontal direction.  For  sake  of  con- 
venience the  beam  width,  3,  is  taken 
as  the  angle  between  the  points 
where  the  power  density  of  the 
radiation  pattern  is  equal  to  one- 
half  of  the  fnaximum  value — the 
beam  angle  of  half -power  points. 

It  can  be  shown  mathematically, 
and  practically  demonstrated,  that 
for  a horizontal  dipole  the  azimuth 
half-power  points  are  plus  or  minus 
39.1  degrees  from  the  maximum,  or 
the  half-power  beam  width  is  78.2 
degrees.  For  comparison  or  refer- 
ence purposes,  the  power  radiated 
by  the  dipole  is  taken  as  unity,  with 
all  other  antennas  referred  to  it. 

It  should  be  noted  that  the  beam 
width  of  the  one-turn  helix  is  63 
percent  of  that  of  the  dipole,  or  49 
degrees.  As  the  number  of  turns 
increases  the  beam  becomes  nar- 
rower, the  8-turn  antenna  being  22 
degrees  or  28  percent  of  the  dipole. 

Characteristics  of  several  an- 
tennas are  plotted  in  Fig.  6.  A side 
lobe  is  shown,  for  example,  in  the 


Transmission  data  for  two  types 
of  circuits  are  also  given  in  Table 
II.  The  first  set  of  data  compares 
the  transmission  of  a wholly  cir- 
cularly polarized  circuit  with  one 
wherein  the  transmitting  and  re- 
ceiving antennas  are  both  half-wave 
dipoles.  The  second  compares  the 
transmission  from  a circular  an- 
tenna to  a dipole,  or  vice  versa. 

A well-designed  circularly  polar- 
ized circuit  with  a one  and  five-turn 
antenna  on  each  end  will  have  a 
power  gain  of  over  75  or  18.8  db  as 
compared  to  a horizontal  dipole  cir- 
cuit, while  the  one  and  eight-turn 
antenna  combination  will  have  a 
power  gain  of  about  250,  or  24  db, 
without  constructive  or  destructive 
interference. 

If  both  ends  of  a communications 
circuit  are  operated  with  8-turn 
antennas  the  power  gain  would  then 
be  about  15,849  or  42  db  over  a 
dipole  circuit.  In  other  words,  the 
equivalent  effect  of  a circular  cir- 
cuit over  that  of  a horizontal  dipole 
circuit  with  one  watt  input  to  the 
circular  transmitting  antenna 
would  be  the  same  as  15.8  kw  into 
the  dipole.  Other  similar  compari- 


cularly  polarized  antenna  would  ap- 
pear to  be  of  considerable  advan- 
tage. For  example,  at  14  me,  a 
power  gain  of  45  to  80  over  a dipole 


unit  fobricated  from  brass 
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Table  I — Sample  Antenna  Design  Data 


Antenna  Number 
Fig.  Number 

iS — ^spacing,  in. 

D — diameter,  in. 
n — turns 
s — Ist  turn,  in. 
d — reflector  diam,  in. 


1 

2 3 

4 

5 

6 

7 

— 

3 4-7 

— 

— 

— 

4.1 

8.1  8.1 

10.8 

15.3 

9.4 

12.7 

9.8 

10.9  10.9 

11.6 

12.6 

10.7 

11.4 

5 

1 5 

5 

5 

5 

1 

1.0 

2.0  2.0 

2.7 

3.8 

2.5 

3.0 

27.2 

27.2  27.2 

27.2 

27.2 

25.4 

25.4 

Table  II — Performance  Data 


Antenna  Number 
Fig.  Number 
Turns  n 

Power  number  (Fig.  8) 
Half-power  beam  width  /3o 
Ratio  /3o/i3fc  (/3a  for  doublet) 
Circular  vs  horizontal  circuit 
Power  gain 
Gain  in  db 

Circular  ant  to  half-wave  suit 
Power  gain  over  two  half-wave 
antennas 
Gain  in  db 


5 

3 

1 

T 

4-7 

5 

5 

9 

5 

5 

8 

3 

39 

0.50 

49 

0.63 

35 

0.45 

33 

0.41 

37 

0.47 

22 

0.28 

10.2 

10.1 

74.2 

18.7 

77.6 

18.9 

24.6 

13.9 

246.0 

23.9 

2.6 

4.1 

4.0 

6.0 

18.6 

12.7 

19.5 

12.9 

6.2 

7.9 

49.0 

16.9 

can  be  obtained,  depending  on  tne 
physical  dimensions  of  the  antenna. 
At  the  higher  frequencies,  even 
higher  gains  can  and  have  been 
realized,  especially  at  2 meters. 

In  the  microwave  region,  the  cir- 
cularly polarized  antenna  can  elimi- 
nate the  need  for  spinning  the  an- 
tennas (this  does  not  refer  to  coni- 
cal scan),  as  is  done  is  some  cases 
for  radiation-pattern-gap  filling.  At 
the  same  time,  higher  gains  are 
realized.  This  antenna  can  also  re- 
place the  dipole  used  to  illuminate 
a parabolic  dish. 

The  data  on  five  selected  circu- 
larly polarized  arrays  are  given  in 
Table  III.  The  arrays  with  three 
vertically  stacked  elements  mate- 
rially increase  the  forward  gain,  the 
amount  depending  on  the  type  of 
element  used,  and  the  vertical  beam 
width  is  reduced  without  altering 
the  already  sharp  horizontal  beam. 
It  is  highly  important,  however, 
that  proper  feeding  of  and  phasing 
among  the  elements  in  the  array  be 
established  in  order  to  secure  such 
expected  high  gains. 
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E.  Dillon  Smith’s  article  in  the 
February  issue  of  ELECTfeONiCS, 
“Constructing  Helical  Antennas”, 
deserves  commendation  for  pre- 
senting in  practical  form  a new 
technique  of  the  antenna  field. 

I was  impressed,  however,  by  the 
exceptionally  high  values  (listed  in 
Table  III)  of  power  gain  claimed 
for  antenna  systems  composed  of 


helical  arrays  as  compared  to  the 
dipole  system.  Upon  investigation 
it  appears  that  Mr.  Smith  obtains 
these  values  theoretically  by  multi- 
plying the  measured  gain  in  deci- 
bels of  an  individual  helix  by  the 
number  of  elements  in  the  array. 
This  procedure  leads  to  erroneous 
results. 

The  gain  of  an  antenna  depends 
only  upon  its  radiation  pattern 
which,  in  turn,  is  a function  of  the 
spacing  and  the  radiation  pattern 
of  the  individual  array  elements. 
An  exact  determination  of  power 
gain  requires  an  integration  proc- 
ess on  the  radiation  patterns;  this 
cannot  be  done  here  since  Mr. 
Smith  supplies  no  data  on  his  spac- 
ings.  An  approximate  method,  de- 
veloped by  Mr.  John  Ruze  of  this 
laboratory,  states  that  the  power 
gain  will  be  slightly  less  than  the 
value  given  by 

where  G is  the  power  gain  of  the 
array  over  that  of  a half-wave  di- 
pole, and  Pa  and  3*  are  half-power 
beamwidths  expressed  in  degrees 
in  the  horizontal  and  vertical 

planes,  respectively. 

Using  this  formula  and  the  beam- 
widths  as  given  in  Table  III  of  the 
article,  the  power  gain  of  the  vari- 
ous arrays  (with  a dipole  for  a 
transmitting  antenna)  over  that  of 
a pair  of  dipoles  is  as  follows: 
Array  No.  1 2 3 4 5 

Power  Gain  18  33  77  84  105 

Gain  in  Db  12.5  15.2  18.9  19.2  20.2 

The  system  power  gain  will  be  in- 


FIG.  5 — Unassembled  (A),  assembled  (B)  and  mounted  (C)  views  of  the  83.2-ohm 
impedance-matching  transformer 
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creased  by  6.0  decibels  in  each  case 
if  the  single-turn  circular  antenna 
is  substituted  for  the  transmitting 
dipole. 

In  general,  the  gain  of  any  prac- 
tical antenna  cannot  be  increased 
indefinitely  without  running  into 
the  grave  obstacles  encountered  in 
the  design  of  super-gain  systems. 

Walter  Rotman 

Antenna  Laboratory 
A.  F.  Cambridge  Res.  Labs. 

Cambridge,  Mass. 


Tcd>le  ni — Circularly  Polarized  Arrays 


Array  Number 

1 

2 

3 

4 

5 

1 Ellements  in  array 

Vertically 

3 

3 

3 

2 

3 

Horizon^dly 

1 

1 

1 

2 

3 

Total 

3 

3 

3 

4 

9 

Turns  n per  element 

1 

5 

8 

8 

8 

1 Circular  vs  horizontal  circuit  1 

Power  gain 

5X10® 

1.6X10^ 

4X10* 

4X10*1 

Gain  in  db 

57 

72 

96 

216 

Circular  antenna  to  half-wave 
antenna 

Power  gain  (over  pair  of  half- 

wave) 

63 

7.9X10* 

1.3X10* 

6.3X10* 

2X10“ 

Gain  in  db 

18 

39 

51 

68 

153 

Beam  width  in  degrees  I 

vertical 

30 

24 

16 

18 

16 

fih,  horizontal 

49 

33 

22 

18 

16 

FIG.  6 — Power-density  field-strength  patterns  of  three  antennos*  (see  Table  II)  for 
circular  polarization,  compared  with  half-wave  horizontal  dipole 


Multi-V  Antenna  for  F-M  Broadcasting 

Folded  dipoles  are  bent  into  V’s  to  form  a lightweight  array  that  can  be  mounted  atop  exist- 
ing a-m  antennas.  The  array  is  tuned  by  extensions  on  each  arm,  without  seriously  changing 

the  impedance  match  and  radiation  pattern 


By  M.  W.  SCHELDORF 


The  multi-v  antenna  is  a 
simple  lightweight  transmit- 
ing  array  designed  for  operation  in 
the  f-m  broadcast  band  from  88  to 
108  megacycles.  A basic  two-bay 
design  can  be  attached  readily  to 
the  sides,  corners  or  top  of  existing 


a-m  radiators.  Additional  bays  may 
be  added  for  higher  gain. 

The  radiating  portion  of  the 
antenna  elements  takes  the  shape 
of  a V,  or  strictly  speaking,  of 
a truncated  V.  This  configura- 
tion gives  a horizontal  radiation 


pattern  that  is  close  to  circular. 

To  increase  the  antenna  im- 
pedance the  folded  dipole  principle 
commonly  used  in  receiving  anten- 
nas is  employed.  This  permits  the 
use  of  a 51.5-ohm  main  feeder  line. 
There  being  no  need  to  feed  both 
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FIG.  1 — (A)  Circuit  of  two-element  array. 
(B)  driving  Impedance  of  one  bay  with 
extensions  fixed  for  resonance  at  91.3  me. 
and  (C)  resistance  of  one  bay  at  reso- 
nance os  it  is  tuned  over  the  f-m  bond 

halves  of  the  system  when  the 
folded  antenna  principle  is  used 
with  antennas  of  low  radiation  re- 
sistance, this  technique  also  reduces 
the  number  of  transmission  lines  to 
half  that  otherwise  required. 

Althpugh  it  is  possible  to  build 
antennas  that  will  cover  the  entire 
f-m  band  without  adjustment,  it  is 
necessary  to  provide  adjustments  if 
the  array  is  to  be  relatively  small 
and  light.  The  complication  of  these 
adjustments  varies  considerably 
with  existing  f-m  antennas,  and  in 
most  cases  adjustments  change 
both  horizontal  pattern  and  im- 
pedance. Usually  pattern  variations 
are  tolerable,  but  impedance 
changes  need  to  be  counteracted  by 
matching  elements  or  tunable  stubs. 

With  the  multi-V  one  adjust- 
ment tunes  the  antenna  to  reson- 
ance for  each  frequency  in  the  f-m 
band  without  materially  affecting 
impedance  values.  Tuning  is  accom- 
plished by  extending  secondary 
arms,  primary  arms  remaining  a 


fixed  length  determined  by  the 
highest  frequency  of  operation. 
This  tuning  scheme  also  has  a dis- 
tinct advantage  in  connection  with 
the  power-handling  capacity  of  the 
system.  In  antennas  of  this  gen- 
eral type,  where  the  effective  op- 
erating length  is  about  a quarter 
wavelength,  the  highest  voltage  oc- 
curs at  the  open  end.  It  is  impor- 
tant, therefore,  to  keep  open  ends 
far  apart.  The  diverging  arms  of 
the  V antenna  meet  this  require- 
ment and  provide  a safety  factor  in 
addition. 

In  the  development  of  the  an- 
tenna element,  it  was  found  that  the 
condition  of  horizontal  pattern  uni- 
formity was  possible  only  by  op- 
erating at  a frequency  several 
megacycles  above  resonance ; in 
other  words,  with  a positive  re- 
actance present  in  the  direct  driv- 
ing impedance.  A series  capacitor 
placed  in  the  transmission  line  just 
below  the  end  seal  unit  supplies 
the  proper  necessary  reactance  cor- 
rection over  the  band. 

Feeding  the  Array 

In  connecting  two  bays  of  the  V 
antenna,  it  was  necessary  to  make 
some  arbitrary  choices  for  the  sake 
of  simplicity.  The  widest  frequency 
coverage  results  when  equal-length 
lines  to  each  bay  are  provided,  and 
this  is  commonly  done  by  placing 
the  junction  point  halfway  between 
them.  If  the  impedances  at  the 
junction  are  higher  than  the  char- 
acteristic impedance  of  the  main 


line  it  is  best  for  bandwidth  to 
parallel  them.  If  they  are  less  than 
this  value,  it  is  best  to  connect  them 
in  series.  However,  this  requires  a 
balun  and  means  for  reversing  the 
phase  of  one  of  the  elements.  A 
simpler  method  is  to  run  one  line 
to  the  top  bay  and  tap  it  at  the  sec- 
ond bay.  This  scheme  effectively 
places  the  antenna  elements  in 
parallel  at  the  junction  point,  so 
such  a system  is  best  adapted  to 
driving  impedances  of  values  higher 
than  51.5  ohms  (ideally  103  ohms). 

The  driving  impedance  inherently 
varies  over  the  frequency  range, 
and  because  it  is  impractical  to  step 
up  to  precisely  103  ohms  by  means 
of  the  folded-dipole  principle,  a 
compromise  is  acceptable  and  a 
matcher  is  utilized  to  transform  the 
impedance  at  the  junction  point  to 
one  that  averages  51.5  ohms  over 
the  frequency  range.  The  resultant 
schematic  diagram  is  shown  in  Fig. 
lA.  Each  antenna  element  has  its 
series  capacitor,  and  the  common 
impedance  at  the  junction  point  is 
matched  to  51.5  ohms.  Note  that  the 
feed  line  is  completely  isolated  for 
direct  currents,  permitting  an  in- 
sulation resistance  check  without 
disconnection  of  the  elements. 

The  single  - interconnection 
scheme  makes  it  necessary  to  feed 
the  antenna  with  a line  one  wave- 
length long  between  the  two  bays. 
In  addition,  the  use  of  rigid  line 
for  this  purpose  fixes  the  vertical 
spacing  also  at  a wavelength.  Spe- 
cifically, due  to  the  reduced  velocity 


FIG.  2 — Standing-wove  ratio  curves  about  resonance  of  ontennas  when  tuned 
to  vorious  frequencies  in  the  band,  showing  uniform  performonce 
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ADJUSmBLE 

LENGTH V SECONDARY  ARMS 


^ DIA. 


PRIMARY  ARMS 


END  SEAL 


One  element  of  the  V antenna,  mounted  on  an  existing  a-m  antenna  tower,  showing 
the  details  of  its  construction.  For  usual  installations,  two  elements  on  a supporting 
I-beam  would  be  mounted  on  the  top  of  the  a-m  tower 


of  propagation  in  the  lines  used 
(it  is  necessary  to  support  the  in- 
ner conductor  at  regular  intervals 
with  a dielectric  material),  the 
spacing  becomes  KX  where  K is  the 
relative  velocity  of  propagation  and 
X is  the  wavelength  in  free  space. 

The  radiators  proper  consist 
essentially  of  straight  pieces 
of  hard-temper  copper  tubing. 
Each  pair  of  arms  has  a f-inch- 
diameter  fixed  length  and  a 1-1- 
inch-diameter  length  with  a tele- 
scoping 1-i-inch  extension  for 
frequency  adjustment.  The  single 
excited  input  conductor  is  connected 
to  a standard  end  seal  to  support 
its  free  end. 


The  two  elements  are  identical 
but  they  are  attached  to  the  tower 
differently.  The  lower  bay  is 
fastened  rigidly  to  the  tower.  The 
upper  bay  is  held  by  a set  of  four 
straps,  which  permit  vertical  move- 
ment but  prevent  horizontal  move- 
ment. This  mounting  affords  a 
simple  means  of  allowing  for  ex- 
pansion differences  in  the  copper  of 
the  interconnection  line  and  the 
steel  of  the  tower.  It  also  allows 
the  tower  to  bend  without  stressing 
the  copper  line  unduly. 

The  support  for  one  type  V an- 
tenna is  a steel  H-beam  so  oriented 
that  the  well  on  one  side  forms  a 
protective  enclosure  for  the  trans- 


mission line  and  matcher.  The 
climbing  steps  are  attached  to  the 
edges  of  the  flanges  on  the  oppo- 
site side,  so  that  unusual  freedom 
for  climbing  is  achieved.  Each  of 
the  elements  has  a series  capacitor 
built  into  the  inner  conductor  of 
the  transmission  line  just  below  the 
end  seal.  The  capacitor  consists  of 
a coaxial  element  with  appropriate 
support  insulators.  The  matcher 
element  consists  of  an  oversized 
inner  conductor  and  a multiplicity 
of  standard  insulators,  electrically 
a quarter  - wavelength  long  and 
having  the  proper  effective  char- 
acteristic impedance.  The  junction 
line  is  made  in  two  lengths  to  suit 
two  frequency  bands. 

When  the  extensions  of  the  large 
radiator  arms  are  set  for  a given 
frequency  of  operation  (91.3  me, 
for  example),  the  driving  imped- 
ance of  each  element  is  indicated 
by  the  curves  of  Fig.  IB.  These 
curves  demonstrate  the  ability  of 
the  antenna  to  operate  over  the 
modulation  band  with  an  associated 
f-m  transmitter  and  transmission 
line.  A family  of  these  curves 
serves  to  determine  the  matcher 
characteristics,  using  the  values  of 
resonant  resistance,  of  which  52 
ohms  is  representative  for  91.8  me. 
A collection  of  the  resonant  resist- 
ance values  may  be  plotted  as  shown 
in  Fig.  1C.  This  particular  curve 
indicates  that  the  uniformity  is  suf- 
ficient to  permit  the  construction 
of  just  one  matcher  to  .cover  the 
entire  f-m  range.  The  matcher  for 


FIG.  3 — Horizontal  radiation  pattern  limits  (A)  show  relative  independence  of  tuning  adjustment.  Vertical  pattern  limits  (B)  across 
V (see  insert  showing  orientation  of  array)  and  (C)  along  V,  show  somewhat  greater  variation 


ANTENNAS 


63 


the  system  is  therefore  designed  for 
a characteristic  impedance  of  39.8 
ohms  and  is  made  effectively  a X/4 
long  at  the  center  of  the  range. 

Measurement  of  standing-wave 
ratio  on  the  main  feed  line  is  made 
with  the  entire  antenna  mounted 
well  away  from  reflecting  and  ab- 
sorbing surfaces.  A sdries  of 
measurements  made  over  a fre- 
quency band,  corresponding  to  fixed 
positions  of  the  radiator  extensions, 
is  of  vital  importance.  Curves  of 
these  measurements  are  shown  in 
Fig.  2.  Two  corresponding  curves 
showing  the  necessary  arm-exten- 
sion settings  are  also  given  in  this 
figure.  The  uniformity  of  the  re- 
sults demonstrates  the  reliability 
with  which  the  arms  may  be  set  in 
the  factory. 

Horizontal  and  Vertical  Radiation 

Horizontal  field  patterns  were 
measured  and  plotted  over  the  f-m 
range.  The  magnitude  of  the  plots 
was  adjusted  to  give  the  same  radi- 
ation in  the  horizontal  plane  as  an 
antenna  with  equal  radiation  in  all 
directions  with  a power  gain  of  1.0. 
The  variations  from  a circle  over 
the  f-m  range  are  so  small  that  the 
limits  can  be  shown  by  two  curves 
as  in  Fig.  3A. 


The  corresponding  vertical  pat- 
terns are  shown  in  Fig.  3B  and  3C. 
The  first  is  taken  perpendicular  to 
the  neutral  plane  and  the  second  is 
taken  in  this  plane.  The  difference 
is  due  to  symmetry  for  the  first  case 
and  lack  of  it  in  the  second. 

It  might  appear  that  the  vertical 
radiation  represented  by  Fig.  3C 
would  lead  to  low  gain  in  the  hori- 
zontal plane,  but  it  should  be  pointed 
out  that  this  field  is  effective  in  a 
small  solid  angle  whereas  the  field 
in  the  horizontal  direction  is  effec- 
tive in  a large  solid  angle.  The  limit 
curves  also  seem  to  indicate  greater 
variations  than  those  of  Fig.  3A, 
but  this  is  not  harmful  as  it  is 
due  to  the  variation  in  tilt  of  the 
horizontal  beam  and  side  lobes  as 
the  phase  relations  between  the  cur- 
rents of  the  two  bays  vary  across 
the  bands. 

From  the  horizontal  patterns 
and  two  major  vertical  patterns  it 
is  possible  to  calculate  with  suffi- 
cient practical  accuracy  the  gain 
of  the  antenna  system,  in  the  hori- 
zontal plane,  over  a dipole  antenna. 
The  calculated  curves  are  in  Fig.  4. 

When  the  antenna  is  operated  at 
93  me  or  103  me,  for  which  frequen- 
cies the  junction  lines  produce  ex- 
actly in-phase  currents  at  the  two 


bays,  the  horizontal  beam  is  pre- 
cisely horizontal.  Below  these  fre- 
quencies the  beams  tilt  downward, 
and  above  these  frequencies  the 
beams  tilt  upward.  By  splitting  the 
f-m  range  into  two  bands,  as  pre- 
viously mentioned,  the  tilt  has  been 
kept  to  a low  enough  value  so  that 
the  gain  is  not  impaired.  Figure  4 
also  shows  curves  of  beam  tilt 
obtained  from  the  experimental 
curves. 

Because  of  the  wide  separation 
of  the  high-voltage  portions  of  the 
radiators,  the  individual  elements 
are  well  suited  for  high-power  oper- 
ation. A conservative  rating  of  5 
kw  per  bay  has  been  placed  on  the 
antenna,  although  field  experience 
probably  will  justify  a greater 
power  rating. 

The  writer  wishes  to  acknowl- 
edge the  able  assistance  of  H.  M. 
Anderson  and  C.  W.  Meyer  in  the 
development  of  this  antenna. 
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FIG.  4 — Changes  in  radiation  patterns  shown  in  Fig.  3 produce  slight  changes  in 
effective  antenna  gain,  which  is  mostly  due  to  changes  in  tilt  angle  of  major  lobe 
of  beam.  The  decreased  gain  at  the  edges  of  die  bond  are  chiefly  due  to  this  tilt 
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Flush-Mounted  Antenna  for  Mobile 


Small  annular-slot  antenna  with  the  same  radiation  pattern  as  a dipole  can  be  built  into  the 
metal  roof  of  a car.  Theoretical  development  and  experimental  results  are  given,  for 
operation  at  mobile-service  and  citizens-band  frequencies 

By  DONALD  R.  RHODES 


The  frequencies  initially  used 
for  two-way  mobile  radio  were 
relatively  low,  so  the  problem  of 
radiating  and  receiving  signals  was 
usually  solved  by  placing  as  long 
an  antenna  as  possible  in  a conven- 
ient physical  location.  This  position 
was  not  critical  because  of  the  ease 
with  which  low-frequency  radia- 
tion could  be  diffracted  around  the 
conducting  surface  of  an  automo- 
bile body,  and  the  length  was  not 
critical  because  of  the  physical  im- 
practicability of  erecting  a vertical 
rod  more  than  a small  fraction  of  a 
wavelength  in  height. 

The  problem  of  providing  an  an- 
tenna at  the  high  frequencies  in 
use  today  is  not  as  easily  solved 
and  requires  careful  consideration 
of  all  the  influencing  factors.  As 
the  frequency  is  increased  the  ef- 
fects of  diffraction  around  an  auto- 
mobile diminish,  creating  electrical 
shadows, — barriers  to  the  propaga- 
tion of  radio-frequency  energy.  The 
antenna  dimensions  can  no  longer 
be  chosen  arbitrarily  but  must  be 
part  of  a systematic  engineering 
design. 

Considering  that  the  antenna 
should  have  a nearly  omnidirec- 
tional pattern  and  that  its  energy 
should  be  directed  along  the  hori- 
zon for  ground  communication  pur- 
poses, the  most  natural  antenna 
choice  is  the  vertical  stub  above 
ground  now  being  used  by  police, 
taxicabs,  telephone  companies,  and 
others  in  the  150-mc  region.  Al- 
though a vertical  stub  on  an  auto- 
mobile roof  is  electrically  excellent, 
its  size  and  appearance  leaves  much 
to  be  desired.  Release  of  the  citi- 


zens communications  band  by  the 
Federal  Communications  Commis- 
sion will  create  an  additional  wide- 
spread popular  demand  for  two-way 
mobile  radio  systems  and  the  prob- 
lem of  designing  a less  conspicu- 
ous antenna  will  no  doubt  present 
itself. 

Fundamental  Principles 

A short  stub  antenna  mounted 
above  a ground  plane  can  be  con- 
sidered an  electric  dipole  in  free 
space.  A small  circular-loop  an- 
tenna may  be  considered  a mag- 
netic dipole  on  the  axis  of  the  loop 
and  has  the  same  radiation  pattern 
as  an  electric  dipole  with  the  radi- 
ated electric  and  magnetic  fields 
interchanged.  Furthermore,  a cir- 
cular loop  carrying  magnetic  cur- 
rent rather  than  the  conventional 
electric  current  will  produce  the 
same  pattern  as  the  electric  dipole 
if  the  radiated  fields  are  inter- 
changed. A small  magnetic-current 
loop  can  not  be  distinguished  from 
a short  electric  dipole  lying  in  the 
axis  of  the  loop.  Thus  a small  mag- 
netic-current loop  can  be  substi- 
tuted for  the  vertical  stub  above 
ground  with  no  change  in  the  radi- 
ated field  pattern. 

Physically  a magnetic-current 
loop  can  be  realized  by  an  annular 
slot  in  a conducting  plane  if  the 
slot  is  excited  by  a uniform  radial 
electric  field  as  shown  in  Fig.  1.  It 
has  been  shown  from  diffraction 
theory  by  Pistolkors^  that  the  rela- 
tive radiation  pattern  of  a narrow 
annular  slot  in  a perfectly  conduc- 
ting ground  plane  can  be  expressed 
as  follows 


\Ee\  ^ hr  J\  {kr  sin  6) 

where  9 is  the  angle  between  the  di- 
rection of  measurement  and  a line 
perpendicular  to  the  ground  plane, 
r is  the  radius  of  the  annular  slot, 
k is  2w/X,  and  Ji  is  the  first  order 
Bessel  function.  This  same  expres- 
sion was  obtained  by  Foster®  for 
the  radiated  magnetic  field  of  a cir- 


FIG.  1 — An  annular  slot  cut  In  a conduct- 
ing surface,  excited  by  a uniform  radial 
electric  field 


FIG.  2 — Cross-sectional  view  of  two  pos- 
sible feed  systems  for  the  annular-slot 
antenna 
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cular  loop  with  uniform  electric 
current.  The  relative  radiation  pat- 
tern of  a thin  wire  stub  above  a 
perfectly  conducting  ground  is 
given  by  the  following* 

I , . cos  {kl  cos  d)  — cos  kl 

^ sinTfl 

where  I is  the  length  of  the  stub. 
If  the  slot  radius  is  small  the  ex- 
pression for  radiated  electric  field 
may  be  simplified  by  neglecting  all 
but  the  first  term  of  the  expanded 
Bessel  function.  Likewise  the  ex- 
pression for  the  electric  field  radi- 
ated from  a short  stub  may  be  sim- 
plified by  neglecting  all  but  the 
lowest-order  terms  in  the  expanded 
sine  and  cosine  functions.  For  a 
small  slot 

, _ , . (At)*  . „ 

\Ee\  6 

and  for  a short  stub 

\Es\  e 

thus  we  have  an  exact  analogy  be- 
tween the  radiated  field  of  a short 
vertical  stub  and  a small  annular 
slot. 

The  requirement  of  a uniform 
field  at  the  surface  of  the  slot  ne- 
cessitates a symmetrical  feed  sys- 
tem, the  particular  feed  system 
used  to  be  determined  largely  by 
space  limitations  and  the  input  im- 
pedance desired.  Two  possible  feed 
systems  which  can  be  used  to  pro- 
duce a uniform  radial  electric  field 
at  the  slot  are  shown  in  cross-sec- 
tion in  Fig.  2.  Both  feed  systems 
consist  essentially  of  a radial  two- 
conductor  transmission  line  coax- 
ially fed.  Type  A has  a cylindrical 
cavity  which  occupies  less  space 
than  the  conical  cavity  of  type  B. 
However  type  B provides  a more 
gradual  transition  of  energy  from 
the  source  to  free  space  and  will 
therefore  have  a different  input 
impedance.  The  impedance  will 
depend  entirely  upon  the  manner  in 
which  the  cavity  matches  the  trans- 
mission line  to  the  impedance  of 
free  space. 


Radiation  Patterns 

To  illustrate  the  analogy  between 
a small  annular  slot  and  a short 
stub  above  ground  for  a practical 


FIG.  3 — Sketch  showing  dimensions  of  full-scale  experimental  annular  slot.  The 
radiation  pattern  of  this  slot  was  measured  at  150  me  and  450  me 


FIG.  4 — Radiation  patterns  in  the  vertical  and  horizontal  planes  of  an  annular  slot 
and  a vertical  stub,  measured  at  150  me 
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case,  a one-seventh  scale  model  of 
an  automobile  roof  was  constructed 
and  the  annular  slot  of  the  form 
shown  in  Fig.  3 was  installed.  The 
vertical  and  horizontal  radiation 
patterns  were  measured  in  free 
space  at  model  frequencies  cor- 
responding to  the  full-scale  fre- 
quencies 150  me  and  450  me  and 
are  shown  in  Fig.  4 and  5,  respec- 
tively. Then  the  annular  slot  was 
removed  and  replaced  by  a short 
vertical  stub.  Radiation  patterns 
for  the  vertical  stub  were  measured 
under  the  same  conditions  as  the 
slot  patterns  and  are  shown  for 
comparison  in  Fig,  4 and  5.  It  can 
be  seen  that  there  is,  indeed,  a 
striking  similarity  between  the 
corresponding  slot  and  stub  pat- 
terns. The  correspondence  is  bet- 
ter at  150  me  than  at  450  me  be- 
cause there  the  slot  is  small  in 
terms  of  wavelength.  This  sug- 
gests that  a smaller  slot  than  the 
one  illustrated  could  be  used  at  450 
me  with  an  increase  in  signal  level 
in  the  horizontal  plane  for  a given 
power  input  to  the  antenna. 

Since  the  radiation  patterns 
shown  were  measured  on  a model  in 
free  space  the  true  pattern  of  an 
antenna  on  an  automobile  will  be 
modified  by  refiection  from  the 
ground  and  from  other  refiecting 
surfaces.  Radiation  below  the 
horizon  as  indicated  in  the  vertical 
plane  patterns  will  be  reflected 
from  the  ground  and  will  add  vec- 
torially  to  the  energy  radiated  along 
and  above  the  horizon.  Because  of 
the  difficulties  inherent  in  deter- 
mining the  magnitude  and  phase  of 
energy  reradiated  from  innumer- 
able objects  the  vertical  plane  pat- 
terns can  serve  only  as  an 
approximate  indication  of  the  space 
distribution  of  energy  radiated 
from  the  actual  automobile  antenna 
system. 


VERTICAL  PATTERN 
(SLOT) 


HORIZONTAL  PATTERN 
(SLOT) 


FIG.  5 — Radiation  patterns  in  the  vertical 
and  a vertical  stub. 

An  antenna  of  the  flush-mounted 
type  should  preferably  be  fabri- 
cated by  the  automobile  manufac- 
turer and  considered  part  of  the 
overall  vehicle  design.  If  one  of 
the  types  of  feed  suggested  in  Fig. 

2 is  used,  the  lower  portion  of  the 
cavity  may  be  included  in  the  car- 
top  die  or  constructed  separately 
and  welded  into  place.  The  width 
of  the  slot  gap  is  not  critical,  so  the 
upper  portion  of  the  cavity  may 
assume  any  convenient  proportions. 

Fabrication 

Several  types  of  dielectric  mate- 


VERTICAL  PATTERN 
(STUB) 


HORIZONTAL  PATTERN 
(STUB) 


and  horizontal  planes  of  an  annular  slot 
measured  at  450  me 

rial  are  available  to  fill  the  cavity 
and  exclude  rain,  snow  and  dirt.  It 
is  important  that  a nonconducting 
paint  be  used  over  the  slot  area  to 
prevent  excessive  loss  of  power.  The 
final  result  should  yield  an  efficient, 
self-contained  radiating  system  for 
two-way  mobile  radio. 

References 

(1)  A.  A.  Pistolkors,  Theory  of  the  Cir- 
cular Diffraction  Antenna,  Proc  IRE,  p 
68,  Jan.  1948. 

(2)  Donald  Poster,  Loop  Antennas  with 
Uniform  Current,  Proo  IRE,  p 604,  Oct 
1944. 

(3)  Ramo  and  Whinnery,  “Fields  and 
Waves  in  Modern  Radio,”  John  Wiley  and 
Sons,  p 433,  1944. 


ANTENNAS 


67 


Disguised  Antenna  Design 


To  DISGUISE  the  transmitting  fea- 
tures of  the  normal  police  antenna 
so  that  it  conforms  with  the  appear- 
ance and  placement  of  an  ordinary 
car  radio  aerial,  engineers  at  Ward 
Products  Corporation  have  de- 
signed an  antenna  whose  appear- 
ance is  identical  to  that  installed 
on  a standard  radio-equipped  pleas- 
ure car.  To  best  accomplish  this 
deception,  a standard  automotive 
antenna  was  modified  to  give  per- 
manent electrical  connections  at  the 
telescopic  joints  of  the  tube  assem- 
bly. 

As  a transmitting  antenna  in  152 
to  174-mc  use,  the  55i-inch  whip  of 


K-- ANTENNA 


f 


■A  LENGTH- RG-58/U 

OR  RG-8/U 
CABLE 

TO  TRANS 


CONDUQTOR 


SHORTED 

STUB 


FIG.  1 — Dimensions  for  the  stub  and 
line  to  load  the  antenna  at  frequencies 
from  24  to  50  me  are  given  in  the  text 


the  new  antenna  operates  as  a I- 
wavelength  antenna  and  adjusting 
or  loading  the  antenna  is  not  neces- 
sary. However,  it  is  advantageous 
to  bring  the  Ward  SPPB71  antenna 
as  close  as  possible  to  the  corner 
post  of  the  windshield.  The  an- 
tenna then  operates  as  an  apparent 
J with  the  corner  post  acting  as  the 
^-wave-length  grounded  leg.  The 
normal  output  circuit  of  commer- 
cial transmitters  will  load  to  the 
antenna  without  difficulty. 

For  25  to  50-mc  services,  the 
antenna  is  basically  short  and  it  is 
necessary  to  load  the  antenna  with 
a simple  stub  arrangement  to  ob- 
tain minimum  standing  wave  ratio. 


The  diagram  of  Fig.  1 illustrates 
the  most  convenient  loading 
method. 

The  basic  theory  of  the  loading 
method  is  that  an  antenna  less  than 
a I wavelength  long  presents  an 
impedance  at  its  base  of  R — jXe 
which  varies  as  shown  in  Fig.  2. 

A 4-wavelength  antenna  imped- 
ance is  thus  approximately  15-jlOO. 
Connecting  a transmission  line  of 

= 52  + jO  (RG-8/U)  or  53.5  -f 
jO(RG-58/U)  ohms  to  the  antenna 
will  result  in  a mismatch  and  im- 
proper loading  of  the  transmitter. 

A shorted  transmission  line  stub 
B less  than  a quarter  wavelength 
long  presents  a pure  inductive  re- 
actance of  0 -h  jXr.  ohms.  In  the 
SPPB71,  moving  along  the  trans- 


FIG.  2 — ^Variation  of  impedance  at  base 
of  antenna  as  a function  of  its  length 


FIG.  3 — ^Variation  of  R and  X°  along  the 
transmission  line 

mission  line  from  the  antenna,  the 
values  of  R and  Xc,  looking  toward 
the  antenna,  vary  as  shown  in  Fig. 
3. 


At  some  point  on  the  line  (for 
example  A = 0.2),  the  resistive 
component  of  the  impedance  is 
equal  to  the  characteristic  imped- 
ance of  the  transmission  line.  At 
this  point,  stub  B is  connected  to 
cancel  out  the  capacitive  reactance 
of  the  line.  In  this  way  the  total 
reactance  is  brought  to  zero.  From 
this  point,  looking  toward  the  an- 
tenna, we  see  an  impedance  of 
52 -f  jO  ohms  after  connecting  the 
stub.  Therefore  a transmission  line 
connected  to  the  stub  network  will 
see  a good  match  with  maximum 
energy  transfer. 

The  following  table  gives  the  re- 
quired lengths  for  cables  A and  B 
of  Fig.  I. 


Loading  Chart 

Freq  in  Me  A in  inches 

B in  inches 

24 

60 

3 

25 

56| 

3 

26 

53i 

3 

27 

50i 

33 

28 

473 

33 

29 

45 

33 

30 

i2i 

33 

31 

40 

33 

32 

373 

31 

33 

35i 

3i 

34 

333 

33 

35 

313 

31 

36 

29 

3i 

37 

27 

43 

38 

25 

4i 

39 

23 

43 

40 

213 

5 

41 

193 

53 

42 

173 

53 

43 

15 

63 

44 

14 

63 

45 

123 

73 

46 

103 

8 

47 

83 

83 

48 

63 

93 

49 

33 

103 

50 

1 

12 

The 

output  circuits  of 

commer- 

cial  transmitters  will  load  to  the 


antenna  without  difficulty. 

The  polar  plot  of  the  antenna 
radiation  pattern  indicates  the 
SPPB71  pattern  is  more  nondirec- 
tional  than  the  rear  or  bumper 
mounted  4 wavelength  whip  and 
less  nondirectional  than  the  roof 
top  mounted  4 wavelength  whip. 
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Microwave  Radar  Antenna 

Special  design  permits  transmission  and  reception  of  any  specified  polarization  in  search 
radars,  including  linear  and  circular  as  special  cases.  Antenna  can  receive,  separately  and 
simultaneously,  both  transmitted  polarization  and  its  cross-polarized  component 

By  HERMAN  N.  CHAIT 


Elimination  of  certain  un- 
wanted radar  target  reflec- 
tions is  made  possible  through  the 
analysis  of  reflected  radiation 
polarization  by  circular  and  linear 
components.  In  principle  this 
analysis  could  be  accomplished  with 
a plurality  of  antennas  designed  to 
transmit  or  receive  the  various 
polarization  components.  In  prac- 
tice, however,  limitations  on  space 
and  equipment  make  it  highly  desir- 
able to  use  a single  antenna  design 
that  is  capable  of  application  over  a 
wide  range  of  frequencies.  The  an- 
tenna design  described  here  has  the 
property  not  only  of  receiving  the 
transmitted  polarization,  but  also  of 
receiving  separately  and  simultane- 
ously its  cross-polarized  component. 

Previously  it  has  not  been  possi- 
ble to  use  a circularly-polarized 
search  radar  system  with  a single 
antenna  used  for  transmission  and 
reception,  since  for  most  targets 
the  reflected  wave  will  have  its 
sense  of  polarization  reversed  and 
thus  will  be  rejected  by  the  an- 
tenna. This  present  antenna  de- 
sign removes  such  a limitation  and 
so  can  be  used  in  a search  radar 
system  employing  circular  polariza- 
tion. Another  advantage  in  this 
connection  is  the  possibility  of  us- 
ing low  power  t-r  and  anti  t-r  tubes 
to  protect  the  receiver  since  re- 
ceiver and  transmitter  are  on  oppo- 
site terminals  of  a hybrid  junction. 

It  is  possible  to  design  an  an- 
tenna with  any  desired  beam  char- 
acteristics and  with  either  continu- 
ously variable  polarization  or  with 
some  chosen  fixed  polarization.  The 
proper  choice  of  this  polarization 
parameter  at  a given  time  may 
greatly  increase  the  utility  of 


present-day  radar  systems. 

General  Principles 

Figure  1 is  the  block  diagram  of 
a system  that  establishes  its  polar- 
ization characteristics  in  the  r-f 
transmission  line  rather  than  in  the 
antenna  proper,  and  is  therefore 
capable  of  rather  general  applica- 
tion. On  transmission  the  power  is 
divided  into  two  equal  components 
in  a hybrid  junction,  the  phase  of 
one  component  is  adjusted  relative 
to  the  other,  and  then  the  two  com- 
ponents are  recombined  in  space 
quadrature  in  the  antenna  feed  line. 
Any  ellipticity  of  polarization  is 
achievable  with  this  arrangement. 
Circular  polarization  requires  a 
± 90-degree  phase  difference  be- 
tween components;  linear  polariza- 
tion a 0 or  180-degree  phase  differ- 
ence; other  ellipticities,  other  phase 
differences.  The  antenna  feed  line 
may  then  be  terminated  in  a vari- 
ety of  antenna  designs. 

On  reception  the  r-f  circuitry 
permits  both  the  component  identi- 
fied with  the  transmitted  polariza- 
tion and  its  cross-polarized  compo- 
nent to  be  received  on  two  receivers 
simultaneously.  The  cross-polar- 
ized component  is  here  defined  with 
reference  to  the  transmitted  signal. 
These  two  components  have  the 
same  ellipticity  ratio,  the  major 
axis  of  their  polarization  ellipses 
orthogonal,  and  their  instantaneous 
E-vectors  rotating  in  opposite 
senses. 

The  ability  of  this  system  to 
transmit  circular  polarization  of 
one  sense  and  then  to  receive  both 
senses  of  circular  polarization 
separately  and  simultaneously  is 
shown  in  Fig.  2.  A generator. 


furnishing  a voltage  V/0°,  is  placed 
at  the  right-hand  terminal  of  the 
hybrid  junction  (Fig.  2B),  which  is 
a magic  tee.  For  purposes  of  ex- 
planation, another  generator  fur- 


FIG.  1 — ^Block  diagram  of  system  that 
establishes  polarization  characteristics 
in  the  r-f  transmission  line  rather  than 
in  antenna  proper 

nishing  no  voltage  is  assumed  at 
the  left-hand  terminal.  Therefore, 
equal  voltages  of  0.77/0°,  in  time 
phase  with  each  other,  will  appear 
at  equal  path  distances  in  the  E- 
and  H-plane  arms  of  the  magic  tee. 
By  adding  90  degrees  of  phase 
change  to  the  E-plane  path,  and 
arranging  the  two  input  terminals 
to  the  square  waveguide  so  that 
they  are  perpendicular  to  each 
other,  two  voltages  equal  in  magni- 
tude and  in  time  and  space  quad- 
rature will  appear  at  the  antenna. 

The  signal  that  is  radiated  will 
therefore  be  right-hand  circularly 
polarized.  Similarly,  a left-hand 
circularly  polarized  signal  can  be 
radiated  merely  by  interchanging 
the  two  generators,  or  by  adding 
another  180  degrees  of  phase 
change  to  the  E-plane  path. 
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FIG.  2 — ^Reception  (A)  and  transmission 
(B)  of  right-hand  polarisation  are  illus- 
trated 


Reception 

Upon  reception,  the  right-hand 
circularly-polarized  component  of 
the  incident  field  induces  a voltage 
at  the  vertical  terminal  of  the  wave- 
guide which  is  equal  in  magnitude 
to,  and  leads  in  phase  by  90  de- 
grees, the  voltage  induced  at  the 
horizontal  terminal.  Due  to  the 
phase  shifter,  the  two  voltages  ar- 
rive at  the  E-  and  H-plane  arms  in 
phase  and  are  therefore  detected 
at  the  right-hand  terminal  of  the 
magic  tee  as  indicated  in  Fig.  2A. 
In  like  manner  the  left-hand  cir- 
cularly polarized  component  of  the 
incident  field  is  received  at  the  left- 
hand  terminal. 

To  use  this  same  antenna  to 


FIG.  3 — Operation  of  antenna  when 
used  to  troxuunit  and  recelTe  linear 
polarization 


transmit  and  receive  linear  polar- 
izations, it  is  necessary  that  a 0 or 
180-degree  phase  shift  be  intro- 


duced between  components.  If  hori- 
zontal and  vertical  polarizations 
are  desired,  the  antenna  must  be 
so  oriented  that  the  input  terminals 
make  angles  of  45  and  135  degrees 
with  the  ground  as  shown  in  Fig.  3. 
Any  arbitearily  chosen  elliptical 
polarization  can  be  transmitted  and 
received  by  a proper  adjustment  of 
the  phase  shift  and  rotation  of  the 
antenna  feed. 

Whatever  component  is  gener- 
ated, the  component  received  at  the 
generating  terminal  of  the  hybrid 
junction  has  the  same  polarization 
characteristics  as  the  transmitted 
signal.  For  radar  type  of  opera- 
tion, assuming  a single  reflection  of 
the  transmitted  signal  from  the 
target  surface,  the  transmitter  and 
receiver  of  a given  linear  com- 
ponent are  located  at  the  same 
terminal,  whereas  the  transmitter 
for  a circular  component  and  the 
receiver  for  the  reflected  circular 
component  are  located  at  different 
terminals  of  the  hybrid  junction. 
It  is  this  fact  which  excludes  the 
use  of  circular  polarization  in  radar 
systems  having  antennas  with  one 
terminal  only. 

Design  Criteria 

It  was  assumed  in  the  previous 
sections  that  the  transmitted  power 
was  divided  exactly  equally  between 
the  two  arms  and  that  the  two  path 
lengths  differed  by  exactly  90  de- 
grees or  by  0 degrees  or  180  de- 
grees for  circularly  or  linearly 
polarized  components  respectively. 
In  practice  a tolerance  is  put  on  the 
polarization  characteristics,  and  it 
is  therefore  necessary  that  design 
criteria  be  established.  Those  for 
circular  polarization  are  discussed 
here. 

Let  the  two  orthogonal  linear 
components  of  an  electromagnetic 
field  be  represented  as 

E,  = A coa  <t)t 

Ey  = B coa  {at  + <ff)  (1) 

where  A and  B are  the  amplitudes 
of  the  components  and  ^ the  phase 
angle  between  them.  Then  the 
power  ellipticity  of  polarization  can 
be  written 


+ V(A»  + B^y-4.  sinV 
A'  + B*-  V(A*  + fi*)*  - 4 A*  £2  fidnV  ^ 

where  P„ax  and  are  propor- 

tional to  the  squares  of  the  major 
and  minor  axes  of  the  polarization 
ellipse  of  this  field.  When  A is 
equal  to  B and  only  (f>  is  allowed  to 


(C)  ratio  of  P„  to  Pt  jn  db 


FIG.  4 — Curves  showing  relationship 
between  power  ellipticity  and  other 
parameters 

vary,  Eq.  2 becomes 


For  values  of  ellipticity  near  cir- 
cular it  is  convenient  to  express  the 
power  ellipticity  as  Pm.x/Pmin  = cot* 

thus  showing  the  de- 
viation of  the  ellipticity  from  unity 
directly  in  terms  of  the  deviation 
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of  <f)  from  90  degrees.  Figure  4A 
is  a plot  of  this  relation. 

If  on  the  other  hand  ^ = ± 90 
degrees  exactly  and  the  amplitudes 
of  the  components  are  allowed  to 
vary,  Eq.  2 becomes 

^ = (4-)’  w 

Figure  4B  is  a plot  of  Eq.  4. 


Measurement  of  Ellipticity 


It  is  possible  to  resolve  any  elec- 
tromagnetic wave  uniquely  into  the 
sum  of  two  circularly  polarized 
fields  of  opposite  senses  of  rotation 
and  of  unequal  magnitudes.  There- 
fore, once  this  antenna  system  has 
been  set  up  to  receive  circular 
polarization,  it  is  necessary  only  to 
measure  the  ratio  of  the  powers 
Pjt  and  Pr,  present  at  the  right-  and 
left-hand  receivers  respectively 
(Fig.  1)  in  order  to  determine  the 
ellipticity  of  polarization  of  an  in- 
cident wave.  The  power  ellipticity 
in  terms  of  this  ratio  is  given  by 


e*  = 


* ma^ 
■Pmin 


r vPjj/PL+i  T 
L ^Pr/Pl  - 1 J 


(5) 


Figure  4C  is  a plot  of  Pm„x/Pmin 
versus  the  ratio  of  the  powers  at 
the  right-  and  left-hand  terminals 
of  the  hybrid  junction. 


Experimental  Results 

This  design  technique  is  appli- 
cable to  any  wavelength,  although 


the  choice  of  circuit  elements  is 
dictated  by  size  or  weight  limita- 
tions. Two  such  systems  have  been 
built,  one  operating  in  the  3.2-cm 
band,  the  other  in  the  10-cm  band. 
The  two  photographs  show  the  3.2- 
cm  model.  The  square  waveguide 
used  as  the  transmission  line  was 
designed  to  transmit  two  TE^o 
modes  at  right  angles  to  each  other 
but  no  higher  modes.  In  other 
words  the  inner  dimension  a of  the 
square  waveguide  satisfied  the  con- 
dition X/\/2>a>X/2.  Waveguides 
instead  of  probe  couplings  were 


FIG.  5 — ^Power  pattern  of  o circularly- 
polarized  antenna  paraboloid  3€  inches 
in  diameter 


used  to  reduce  the  crosstalk  between 
the  two  input  lines.  The  phase 
shifter  consisted  of  a movable  di- 
electric slab  placed  inside  one  of 
the  waveguide  sections  and  was  de- 
signed to  produce  a maximum  phase 
shift  of  360  degrees. 

It  was  found  that  these  antennas 
could  be  adjusted  for  ellipticities  of 
unity,  the  limiting  factor  being  the 
accuracy  of  the  test  equipment  used. 
The  gain,  beamwidth,  and  patterns 
of  these  antennas  were  consistent 
with  theoretical  predictions.  For 
example,  one  cut  through  the  main 
lobe  of  the  radiation  pattern  of  the 
parabolic  type  antenna  shown  was 
measured  for  many  linear  polariza- 
tions. It  was  found  that  the  ellip- 
ticity of  polarization  was  no 
greater  than  one  decibel  over  the 
entire  portion  of  the  main  lobe 
when  the  on-axis  ellipticity  had 
been  adjusted  to  be  less  than  0.25 
db.  Figure  5 shows  a typical  cut. 
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Attenuation  Between  Paraboloid  Antennas 


Antenna  diameters,  distance  and  wavelength  figures  are  simply  converted  to  gain 
and  loss  in  db  with  the  table.  Algebraic  addition  shows  attenuation 


The  table  provides  a con- 
venient means  of  calculating 
line-of-sight  space  attenuation 
between  two  paraboloid  anten- 
nas, but  can  be  used  for  other 
shapes  and  designs  if  the  effec- 
tive diameter  is  utilized. 

The  left-hand  column  repre- 


By  E.  DYKE 


sents  the  physical  quantities 
shown  in  the  figure  and  listed 
below.  The  corresponding  right- 
hand  numerals  are  equivalent 
decibel  values.  The  table  can  be 
extended  since  the  right  column 
is  20  logio  of  the  left  column. 
Equation  1 shows  the  algebraic 


signs  to  be  applied  to  the  db 
values.  The  93-db  constant  is  a 
value  representative  of  good  de- 
sign practice. 

Space  attenuation,  PJPt  = — 93 
—S  —X  +Dr  +D,  decibels  (1) 
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When  D is  antenna  diameter  in 
inches 

«S  is  separation  between 
antennas  in  miles 

X is  wavelength  in  centi- 
meters 

P,  is  power  received 

P,  is  power  transmitted 

Physical  Gain  or 

Quantities  Loss  in  Db 

10 

12 

14 

16 

18 

20 

22 

24 

26 

30 

35 

20.0 

21.6 

22.9 

24.0 

25.1 

26.0 

26.8 

27.6 

28.3 

29.5 

30.9 

140 

160 

180 

200 

250 

300 

400 

500 

Example : 

Factor 

42.9 

44.1 

45.1 

46.0 

48.0 

49.5 

52.0 

54.0 

Dimension  Db 

0.1 

-20.0 

40 

32.0 

Constant 

-93 

0.5 

- 6.0 

45 

33.1 

Distance  (S) 

50  miles  —34 

1.0 

0.0 

48 

33.6 

Wavelength  (X) 

4.5  cm  +13 

2 

+ 6.0 

50 

34 

Rec  ant.  (Dr) 

40  in.  +32 

3 

+ 9.5 

60 

35.6 

Trans  ant.  (D,) 

40  in.  +32 

4 

12.0 

70 

36.9 

Attenuation 

-76 

5 

14.0 

72 

37.2 

Received  power 

Pr  can  be  ob- 

6 

15.6 

80 

38.1 

tained  in  dbm 

by  adding  the 

7 

16.9 

90 

39.1 

value  of  transmitted  power  Pt 

8 

18.0 

100 

40 

in  dbm  to  the 

db  value  of  the 

9 

19.1 

120 

41.6 

attenuation. 

Horn  Antennas  for  Television 

Eight-foot  equilateral  bisectional  bom  antenna  provides  over  14-db  gain  on  channel  IS 
compared  with  isotropic  source  antenna.  Same  performance  can  be  obtained  for  trans- 
mission. Antenna  matches  commercially  available  300-ohm  line 


Since  horizontally  polarized 
waves  are  of  primary  importance 
(for  the  reception  of  television  and 
f-m  signals)  two  of  the  usual  four 
sides  of  a horn  may  be  omitted,  and 
the  resulting  two-sided  horn  may 
be  fed  by  direct  excitation. 


By  DEAN  0.  MORGAN 

A drawing  of  this  antenna  is 
shown  in  Fig.  1.  This  design  con- 
sists of  only  two  vertical  side  sect- 
ors of  the  horn.  The  feed  line  is 
connected  at  the  apex  of  the  horn, 
one  conductor  being  connected  to 
each  sector.  There  are  no  metallic 


ties  between  sectors. 

Attenuation  to  transmission 
transition  being  gradual,  the  ap- 
proximate cutoff  is  determined 
when 

Wc  = 0.5Xc 
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If  true  unidirectional  character- 
istics are  wanted,  the  flare  angle  ® 
should  be  small.  However,  a small 
6 would  necessitate  a long  horn.  A 
good  compromise  angle  of  60  de- 
grees may  be  used.  In  this  case  the 
dimension  B is  given  by 


FIG.  1 — ^For  reception  of  channels  2 
through  13.  where  channel  2 "Is  not 
especially  weak,  the  most  practical 
dimensions  are  W = H = B = 8 feet 
and  0 :=  60  degrees 


The  height  of  each  sector  H is 
made  equal  to  the  mouth  width  W, 
so 

He=Wc  = 0.5K 

Resistive  and  reactive  compo- 
nents of  an  equilateral  bisectoral 
horn  antenna  of  the  type  described 
are  shown  in  Fig.  2.  It  will  be 
noted  that  the  resistance  ap- 
proaches 377  ohms  at  infinite  fre- 
quency. The  reactive  component 


similarly  approaches  zero. 

Line  Match 

Since  both  300-ohm  and  400-ohm 
line  are  commercially  procurable, 
frequency  down  to  cutoff  (being  an 
ideal  match  at  three  times  cutoff, 
or  channel  7 and  8) . 

Dimensions 

The  actual  dimensions  used  will 
depend  upon  the  individual  problem. 
For  most  practical  vhf-tv  reception, 
cutoff  can  be  taken  as  67  mega- 
cycles. For  this  value  of  cutoff, 
Wc  = Be  = He  = 8.6  ft.  With  these 
dimensions  the  power  gain  at  213 
me  over  an  isotropic  source  is  14.7 
db. 

Using  a slightly  reduced  size 
(8  ft)  this  gain  is  reduced  to  14 
db.  This  is  comparable  to  the  gain 
from  10  dipoles  and  reflectors  in  a 
stacked  array,  or  20  elements  with 
their  added  complexity. 

Figure  3 is  a calculated  plot  of 
power  gain,  db  gain  and  voltage 
gain.  These  curves  are  based  on 
the  8-ft  dimension,  or  a cutoff  fre- 
quency of  61.2  me.  Figure  4 shows 
the  horizontal  and  vertical  pattern 
ef  a scaled  model  at  28.7  cm,  which 
had  an  aperture  of  slightly  less 
it  follows  that  an  ideal  match  may 
be  secured  over  a wide  band  of  fre- 
quencies with  this  antenna.  In  the 
case  of  300-ohm  line,  the  mismatch 
is  only  2 percent  in  power  or  0.8  db 
in  addition  to  the  published  attenu- 


ation loss  of  the  line,  when  per- 
fectly matched.  At  cutoff  frequency 
the  loss  increases  to  0.25  percent 
in  power  or  1.22  db.  Below  cutoff 
the  loss  increases  rapidly  due  to  the 
decrease  in  resistance.  The  use  of 
400-ohm  line  would  decrease  these 
losses  quite  a bit  from  the  infinite 
than  3 times  cutoff.  Rear  radia- 
tion is  of  the  order  of  1 percent. 

Performance 

During  the  course  of  the  experi- 
ments, a 12-ft  model  was  erected 
at  Skaneateles,  New  York.  Good 
pictures  and  sound  were  obtained 
on  channels  4 (Buffalo  and  Sche- 
nectady), 5 (Syracuse),  6 (Roch- 
ester), 8 (Syracuse),  12  (Bing- 
hamton), and  13  (Utica).  Other 
high-gain  types  failed  to  produce 
a usable  picture  on  any  channel 
except  6.  This  particular  location 
is  down  in  a valley  with  hills  of 
100  ft  or  more  an  all  sides. 

The  8-ft  model  is  almost  as  good 
as  the  12-ft  version,  but  the  lower 
channels  were  inferior.  Also,  chan- 
nel 6 could  not  be  enjoyed  when 
channel  5 was  on  the  air  because 
of  adjacent-channel  interference 
caused  by  broadening  of  the  beam. 

It  should  be  pointed  out  that  the 
modified  horn  type  of  antenna 
makes  an  excellent  harmonic  radia- 
tor when  used  in  transmission 
work.  Experiments  show  that  the 
presence  of  a metal  supporting  pole 
does  not  affect  operation,  and  the 
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planes  may  be  constructed  from 
wire  mesh  (chicken  wire  variety 
shown  in  photograph),  spline-type 
construction,  woven  wire  or  flat 
sheets. 
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FIG.  4 — ^DirectiTity  pottenu  ior  28.5-cm 
model  (ontenna  rotated  for  Terticedly- 
polorlzed  signal) 


Infinite-Rejection  Beam 

By  W.  F.  HOISINGTON 


In  the  manufacture  of  high-gain 
multielement  beam  antennas,  it  has 
not  been  unusual  to  be  asked  for  an 
antenna  that  would  cut  out  com- 
pletely a station  in  back  of  the  beam 
on  the  same  frequency.  One  stand- 
ard 16-element  f-m  beam  showed 
over  6,000  to  1 power  ratio  on 
transmission,  but  a check  of  the 
ratio  on  reception  gave  a much 
lower  figure. 

Further  investigation  showed 
that  very  strong  reflections  were 
present  in  almost  every  location 
tested,  and  that  by  moving  the 
beam  one-half  wavelength  in  space, 
front-back  ratios  both  higher  and 
lower  than  the  above  figure  were 
obtained.  These  reflections  are  the 
source  of  television  ghosts,  and  are 
considerably  aggravated  by  the  low 
f-b  ratio  of  the  average  television 
receiving  antenna. 


The  infinite  rejection  beam  (here- 
after designated  I.R.B.)  has  three 
main  parts:  the  receiving  element 
or  elements,  the  reflector  or  reflec- 
tors, and  the  rejector  or  rejecting 
elements.  In  the  economical  example 
shown  in  Fig.  1,  suitable  for  tele- 
vision reception,  the  first  two  parts 
may  consist  of  a simple  folded 
dipole  of  proper  impedance,  a fixed 
screen  or  wire  reflector  in  the 
normal  position  approximately  one- 
fourth  wavelength  in  back  of  the 
dipole,  and  the  rejecting  element 
which  is  placed  in  front  of  the 
dipole. 

Theory  of  Operation 

A desired  signal  is  received  from 
the  front  on  the  dipole.  The  re- 
flector also  receives  a signal  and 
sends  it  back  to  the  dipole  in  proper 
phase,  reinforcing  the  dipole  signal. 


This  is  standard  so  far,  the  main 
requirement  for  the  I.R.B.  being 
that  some  f-b  ratio  must  be  ob- 
tained— ^the  higher  the  better.  The 
unwanted  signal,  geographically 
located  in  back,  or  at  any  angle  in 
the  back  270  degrees  approximately, 
is  also  received  on  the  dipole  and 
more  or  less  attenuated  by  the  re- 
flector, depending  on  design.  The 
rejector  now  throws  a cancellation 
signal  from  the  unwanted  station 
onto  the  dipole-reflector  beam. 

The  use  of  a screen  in  front  of 
the  dipole  might  seem  detrimental 
to  reception  but  this  is  not  so  in 
any  large  degree.  The  almost  ex- 
act half-wave  position  in  front  of 
the  dipole  is  the  worst  possible  posi- 
tion for  reflection  action  and  only 
drops  the  desired  signal  a few  db. 

The  positioning  of  the  rejector  is 
done  by  any  of  the  usual  methods 
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FIG.  1 — ^Bcnic  illustration  oi  the  rejector 
principle  applied  to  a telerision  receiring 
antenna.  Reflector  and  rejector  dimensions 
are  in  accordance  with  conyentional 
antenna  practice 

for  positioning  a television  antenna 
against  ghosts  (one  main  use  of  the 


I.R.B.  can  be  against  a strong 
ghost).  The  new,  or  second,  un- 
wanted signal  now  adds  up  180  de- 
grees out  of  phase  with  the  first  un- 
wanted signal.  This  is  done  by  ad- 
justing the  rejector  to  a position 
approximately  one-half  wave  away 
from  the  dipole.  The  rejector  can 
be  adjusted  to  produce  a signal 
cancelling  an  unwanted  signal  from 
an  adjacent-channel  station  as  well. 

The  geographical  situation  of  the 
respective  stations  or  source  of  in- 
terfering signal  is  taken  care  of  by 
positioning  the  rejector  arm  in 
azimuth  so  that  it  may  be  placed  in 
proper  reflection  relation  as  regards 
the  unwanted  station  and  the  dipole. 
In  general,  for  good  reception  in  the 
more  or  less  diamond-shaped  inter- 
ference area  in  between  cochannel 
or  adjacent-channel  television  sta- 
tions the  rejector  will  be  on  the  far 
side  of  the  dipole  from  the  un- 
wanted station. 

Amplitude  of  the  second  un- 
wanted signal  is  adjusted  to  equal 


that  of  the  first  unwanted  signal  by 
turning  the  rejector  on  its  axis  so 
that  more  or  less  signal  is  reflected. 
This  results  in  cancelling  out  to 
zero  the  unwanted  signal.  The  re- 
jector will  even  knock  out  a strong 
residual  or  leakage  signal  in  an  un- 
shielded receiver  or  lead-in.  This 
is  why  the  arrangement  has  been 
named  the  Infinite  Rejection  Beam. 

On  transmission  with  a 32-ele- 
ment beam,  the  I.R.B.  will  produce 
an  absolute  null  at  any  desired 
angle  as  long  as  this  is  more  than 
approximately  45  degrees  from  the 
front  center  line.  This  is  not  unlike 
the  configuration  of  towers  for  pat- 
tern use  on  a-m  broadcasting.  Pos- 
sibilities exist  for  same-frequency 
relay  use,  but  when  used  on  a 
strong  nearby  transmitter  the  re- 
ceiver null  becomes  very  sensitive 
to  moving  objects  and  acts  like  a 
radar  for  cars  and  planes.  How- 
ever, on  certain  mountain  locations 
the  I.R.B.  may  greatly  assist  relay 
and  similar  operations. 


Optimum  Dimensions  for  Parasitic  Arrays 

By  1.  $.  COLE  AND  W.  L.  JONES 


At  the  present  time  theoretical 
results  for  calculating  the  perform- 
ance of  parasitic  arrays  having 
three  or  more  elements  are  not 
available.  This  led  to  setting  up  an 
experimental  unit*  which  could  be 
used  either  as  a two-element  or  a 
three-element  array  to  determine 
the  effects  of  spacing  and  tuning  on 
forward  gain  and  input  impedance. 
Figure  1 shows  the  arrangement  of 
equipment  used. 

Verification  of  experimental  tech- 
niques was  accomplished  by  meas- 
uring gain  and  impedance  versus 
spacing  for  two-element  arrays.  The 
results  compare  favorably  with 
theoretical  results  obtained  by 
Brown^. 

For  the  three-element  array  each 

♦This  work  was  done  in  part  under 
Project  No.  11,  Sngineeringr  skperiment 
Station,  Utah  State  Agricultural  College, 
Logan,  Utah. 


parasitic  element  was  tuned,  in 


FIG.  1 — Block  diagram  oi  equipment 
used  in  optimizing  dimensions  for  maxi- 
mum gain  of  parasitic  arrays 


turn,  for  maximum  gain  at  each 
spacing  combination.  Results  are 
shown  in  Fig.  2.  In  all  cases  the 
driven  element  was  fixed  at  its  self- 
resonant length  and  maintained  at 
constant  power  input. 


Data  on  array  in^ut  resistance  Rt 
and  array  input  reactance  Xa  are  in- 
cluded in  Fig.  2A  and  2B  respec- 
tively. These  data  are  useful  in  ob- 
taining the  relative  input  impedance 
only,  since  the  impedance  of  any 
other  array  would  depend  chiefly 
upon  its  height  above  ground. 

Corrected  Curves 

The  curves  of  Fig.  2C  are  slightly 
in  error  because  of  attenuation  in 
the  coaxial  line  to  the  array.  There- 
fore the  maximum  points  of  the 
curves  of  Fig  2C  were  corrected  for 
known  errors  and  presented  in  Fig. 
2D.  Thus  Fig.  2D  summarizes  the 
final  results  of  gain  versus  spacing 
and  shows  that  maximum  forward 
gain  is  obtained  with  the  reflector 
spaced  approximately  0.15  wave- 
length and  the  director  spaced  0.3 
wavelength. 
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The  corrected  gain  of  this  array 
with  conventional  spacings  (re- 
flector spaced  0.15  wavelength  and 
director  spaced  0.1  wavelength)  was 
found  to  be  6.74  db.  Reference  to 
2D  shows  that  the  same  array  using 
a reflector  spaced  0-15  wavelength 
and  a director  spaced  0.3  wave- 
length had  a corrected  gain  of  8.6 
db.  Thus  greater  gain  may  be  ob- 
tained by  using  the  wider  spacings. 
However,  these  spacings  give  higher 
input  reactance  (see  Fig.  2B) ; so 
impedance  matching  may  be  neces- 
sary. Figure  2A  shows  that  array 
input  resistance  increases  with 
spacing.  This  is  an  additional  ad- 
vantage of  wider  spacings,  if  the 
antenna  is  to  be  used  over  a range 
of  frequencies. 

ItSFERBN  OC 

(1)  G.  H.  Brown,  Directional  Antennas, 
Proc.  IRE,  26,  p 78,  Jan.  1937. 
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FIG.  2 — ^Resistance  and  gain  curves  for 
various  array  configurations 


Multiple  TV  Antenna  Coupler 

By  LEONARD  MAUTNER 


The  problem  of  operating  a num- 
ber of  television  receivers  from  one 
antenna  has  been  with  us  for  a long 
time,  and  indications  are  that  it  will 
become  more  of  a problem  in  the 
future. 

Radio-frequency  distribution  sys- 
tems fall  into  three  general  classi- 
fications : 

First,  there  is  the  resistor-atten- 
uator scheme  which  may  be  useful 
for  a very  limited  number  of  sets  in 
a high-signal  area.  This  system 
has  little  merit  because  in  an  effort 
to  obtain  high  isolation  between 
sets,  one  must  attenuate  the  signal 
so  severely  that  the  application  is 
quickly  limited  in  scope. 

The  second  classification  involves 
the  use  of  a single  antenna  with  a 
central  isolation  amplifier  or  a 
group  of  individual  isolation  ampli- 
fiers— all  employing  vacuum  tubes 
to  provide  the  necessary  isolation 
over  the  tv  bands  with  minimum  of 
introduced  loss.  The  offhand  sug- 
gestion of  a cathode-follower  in  this 


Circuit  diagram  of  four  of  the  eight 
etoges  in  the  eight-position  television 
isolotion  omplifier  for  multi-receiver 
reception  with  a single  antenno 

application  is,  however,  an  incor- 
rect one.  It  is  not  possible  to  main- 
tain uniform  gain  characteristics 
at  216  me  by  the  use  of  this  tech- 
nique. The  use  of  a distributed  line 
type  wide-band  isolation  amplifier, 
however,  provides  a satisfactory 


economical  solution.  A typical 
equipment  of  this  type  is  described 
below.  Such  a scheme  finds  wide 
application  in  all  but  the  lowest 
signal  areas,  and  this  solution,  when 
coupled  with  a wide-band  amplifier 
having  a gain  of  the  order  of  20  db, 
thOn  provides  an  economical  solu- 
tion for  nearly  all  locations. 

The  third  method,  which  by  its 
nature  is  the  most  costly  and  ele- 
gant, involves  the  use  of  a separate 
antenna  and  channel  amplifier  for 
each  station.  The  mixed  signals 
may  then  be  piped  at  relatively  high 
level  around  the  building  proper 
with  bridging  take-offs  for  each  of 
the  receivers.  In  this  case  it  is 
less  difficult  to  orient  the  separate 
antennas  to  minimize  ghost  pat- 
terns which  arise  in  certain  difficult 
locations  due  to  the  large  neighbor- 
ing buildings.  However,  such  a solu- 
tion with  its  expensive  and  compli- 
cated terminal  equipment  is  only 
practical  and  economical  for  the 
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largest  and  most  elaborate  installa- 
tions. 

Wide-Band  Amplifier 

A typical  example  of  a wide-band 
isolation  amplifier  is  the  Telecoupler 
shown  in  the  accompanying  dia- 
gram. Only  four  of  the  eight  plate- 
loaded  output  stages  are  shown. 
The  grid  circuits  in  each  stage  pro- 
vide the  shunt  capacitance  for  a 
low-pass  filter  network.  Its  opera- 
tion is  readily  apparent.  Using  a 
pair  of  150-ohm  unbalanced  lumped- 
constant  transmission  lines  for  the 


low-pass  filter,  one  can  arrange  to 
drive  them  back-to-back  to  provide 
a 300-ohm  input.  Alternatively, 

operating  them  in  parallel  provides 
a 75-ohm  input.  In  the  case  of  300- 
ohm  operation,  each  pair  of  tubes 
on  opposite  sides  of  the  line  pro- 
vides a 300-ohm  source  looking  back 
into  their  plate  circuits.  Thus,  one 
can  provide  outputs  from  one  an- 
tenna to  four  300-ohm  tv  sets  with 
an  accurate  match  available.  Since 
the  conventional  receiver  may  be 
considerably  unbalanced  in  its  in- 


put, it  is  often  possible  to  use  the 
eight  150-ohm  outputs  to  drive 
eight  300-ohm  or  75-ohm  receivers. 

By  removing  the  termination  at 
the  far  end  of  the  line,  one  can  add 
a number  of  units  in  cascade,  pro- 
viding more  outputs.  As  many  as 
24  output  lines  have  been  success- 
fully used  in  practice.  Precautions 
must  be  taken  to  make  sure  that 
local  oscillator  radiation  from  one 
set  with  an  unbalanced  or  radiating 
front  end  will  not  radiate  back 
through  the  system. 


A Method  of  Feeding  Turnstile  Antennas 


The  turnstile  antenna,  as  in- 
troduced by  G.  H.  .Brown,^  consists 
primarily  of  two  coplanar  half- 
wavelength dipoles  mounted  in 
space  quadrature  as  shown  in  Fig. 
1.  The  dipoles  are  fed  with  r-f  cur- 
rents that  are  equal  in  magnitude 
but  phased  90  degrees  apart  in 
time.  Such  an  arrangement  gives  a 


Fig.  1 — Schematic  drawing  showing  method 
of  feeding  turnstile  antenna 


nearly  circular  radiation  pattern  in 
the  plane  of  the  dipoles.  A circu- 
larly polarized  r-f  field  vector  is 
radiated  in  directions  normal  to  the 
plane  of  the  dipoles. 


By  RALPH  E.  TAYLOR 

The  turnstile  antenna  may  be 
considered  as  essentially  compris- 
ing four  identical,  symmetrically- 
spaced  elements,  with  terminals  at 
the  points  labeled  A,  B,  C and  D in 
Fig.  2A.  The  relative  magnitudes 
and  phases  of  the  various  currents 
can  then  be  represented  by  means 
of  the  vector  diagram  shown  in  Fig 
2B.  The  current  Ia  leads  the  cur- 
rent h by  90  degrees.  Similarly  h 
lags  h.  Id  lags  h,  and  I a lags  h,  in 
each  case  by  90  degrees.  If  the  di- 
poles are  resonant,  the  current  7 
and  voltage  E into  a given  element 
are  in  phase.  Coupling  between  ad- 
jacent elements  is  reduced  to  a 
minimum  by  virtue  of  the  fact  that 
they  are  at  right  angles  to  each 
other. 

A method  of  feeding  turnstile  an- 
tennas is  illustrated  in  Fig.  1.  Phas- 
ing is  accomplished  by  feeding  the 
dipoles  with  separated  coaxial  feed- 
ers having  physical  lengths  which 
are  equal,  and  electrical  lengths 
which  differ  by  a quarter-wave- 
length. This  is  achieved  by  employ- 
ing different  dielectric  materials  in 
the  feeders.  The  physical  length  is 
given  by  the  relation 

X 

4(V«x  — VeB) 

where  ei  > s,  and  X is  the  wave- 
length in  free  space,  e.*  and  s*  are 


the  respective  dielectric  constants 
of  the  insulating  materials  in  the 


Fig.  2 — Radiating  antenna  (A),  vectof  dia- 
gram (B),  and  equivalent  circuit  (C)  for 
turnstile  antenna 


dipole  feeders.  The  sense  of  rota- 
tion of  the  r-f  field  vector  radiated 
from  the  dipoles  can  be  reversed  by 
interchanging  and  in  Fig.  1. 
The  center  conductors  of  the  dipole 
feeders  are  shown  attached  to  the 
center  conductor  of  a series,  co- 
axial, impedance  matching  trans- 
former. A symmetrical  T connec- 
tion is  formed. 

An  equivalent  circuit  diagram  is 
shown  in  Fig.  2C.  The  characteris- 
tic impedances  of  the  dipole  feeders, 
Za  and  Zb,  are  matched  with  the  re- 
spective dipole  resistances,  Rt  and 
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Rz.  Since  the  dipoles  are  resonant, 
no  appreciable  standing  waves  exist 
in  the  dipQle  feeders.  Length  L 
represents  the  electrical  length  of 
the  ta  insulator  and  L + X/4  the 
electrical  length  of  the  insulator. 
The  matching  transformer  matches 
the  impedance  of  the  parallel  com- 
bination of  Z I and  Zb  to  ihe  charac- 
teristic impedance  Zo  of  the  main 
feeder  line.  Antenna  currents  are 
prevented  from  flowing  on  the  out- 
side of  the  main  feeder  line  by 
means  of  a balanced-to-unbalanced 
transformer  shown  in  Fig.  1. 
This  transformer  consists  of  a high 
impedance,  quarter  - wavelength, 
shorted  section  of  balanced  trans- 
mission line.  It  also  serves  as  a 
rigid  mechanical  support  for  the 
dipoles. 

Antennas  of  the  type  shown  in 
Fig.  1 are  used  for  telemetering 
from  the  V-2  at  1,000  me.  The 
following  parameters  were  chosen: 
sa  = 4.6  (Grade  1137  Lava  from 
the  American  Lava  Corporation), 
6b  = 2.1  (Poly  F-1114,  or  Telfon,  a 
du  Pont  de  Nemours  product),  Za 
= 51  ohms,  Z„  = 61  ohms,  a = 
0.30X  at  1,000  me,  6 — 0.07X  at 


1,000  me,  and  Zo  = 51  ohms. 

Figure  3A  is  a plot  of  voltage 


Fig.  3 — Typical  curves  showing  operation 
of  antenna  using  feed  system  described 


standing-wave  ratio  versus  relative 
frequency.  The  measurements  were 
made  on  a 51-ohm  coaxial  line.  The 
bandpass  is  35  percent  using  a lim- 
iting value  of  vswr 
equal  to  1.5  to  1. 

Figure  3B  is  a plot  of  the  cir- 
cularity on  axis  (eccentricity  of  the 
rotating  r-f  field  vector)  versus  rel- 
ative frequency.  The  bandpass  is 
19  percent  for  a limiting  value  of 
3 db.  These  measurements  were 
made  with  a half-wavelength  receiv- 
ing dipole  located  in  a plane  paral- 
lel to  the  plane  of  the  turnstile  di- 
poles. The  receiving  dipole  was 
spaced  approximately  ten  wave- 
lengths away  from  the  turnstile  an- 
tenna. It  was  rotated  through  360 
degrees  about  the  axis  perpendicu- 
lar to  the  turnstile  dipoles.  A com- 
parison was  made  of  the  maximum 
and  minimum  signals  received  when 
the  pickup  dipole  was  rotated.  This 
comparison  is  known  as  the  circu- 
larity. Figure  3C  is  a plot  of  the 
circularity  versus  angle  0 in  degrees 
at  the  center  frequency. 

Reference 

(1)  Georgre  H.  Brown,  The  Turnstile 
Antenna,  Electronics,  p 14,  Apr.  1936. 


Coaxial  Feed  System  for  Antennas 

By  JOHN  F.  CLEMENS 


Coaxial  cable  may  be  used  to  feed 
balanced  horizontal  antennas  with- 
out interference,  noise  pickup  or 
power  loss  due  to  unbalanced  cur- 
rents in  the  outer  shield.  The 
familiar  delta  match  is  used.  The 
outer  shield  is  bonded  to  the  center 
of  the  antenna  while  a shorted  sec- 
tion of  cable  resonates  with  the 
inductive  reactance  of  the  system. 

Coaxial  cable  has  advantages  over 
unshielded  or  open-wire  line  in 
almost  every  transmission-line  ap- 
plication. Generally  speaking,  atten- 
uation is  lower,  making  it  particu- 
larly desirable  when  the  line  must 
be  relatively  long.  For  receiving 
applications  the  low  noise  pickup 
of  coaxial  cable  is  a definite  advan- 


tage. For  this  reason  it  is  especially 
suitable  for  television  receiving  an- 
tenna leadins.  Coax  is  entirely  free 
from  weather  effects  while  the  rib- 
bon type  of  line  is  usually  affected 
by  rain  and  moisture,  often  dete- 
riorating rapidly  from  exposure  in 
coastal  regions. 

No  Split  Element 

A system  of  coaxial-cable  feed 
for  balanced  horizontal  antennas 
should  find  wide  application  to  tele- 
vision and  f-m  receiving  antennas 
and  transmitting  antennas  such  as 
parasitic  beams.  The  system  de- 
scribed has  a feature  of  prime  im- 
portance in  these  applications: 
splitting  the  driven  element  is  un- 


necessary. A feed  system  which 
necessitates  breaking  the  antenna 
is  difficult  to  fabricate  since  in- 
sulating materials  of  sufficient 
strength  and  electrical  quality  are 
not  available  for  large  self-support- 
ing structures. 

A serious  problem  in  applying 
coaxial  feed  to  a balanced  antenna 
is  that  of  eliminating  unbalanced 
or  antenna  currents  from  the  outer 
shield.^  If  present,  such  currents 
cause  loss  of  the  normal  antenna 
pattern  and  the  low  noise  pickup 
feature  of  coaxial  cable.  In  trans- 
mitting, currents  on  the  outer 
shield  may  cause  feedback,  inter- 
ference or  power  loss. 

The  system  described  achieves 


78 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


balanced  feedline  currents  as  de- 
termined by  test.  In  general,  a 
symmetrical  system  can  be  relied 
upon  for  absence  of  unbalance 
effects.  The  diagram  of  the  system, 
Fig.  1,  discloses  almost  perfect 
symmetry. 

Delta  Match 

The  impedance  between  two  sym- 
metrically located  points  on  an  an- 
tenna rises  from  zero  when  the 
points  are  adjacent,  to  a very  high 
value  when  the  points  are  at  oppo- 
site ends  of  the  antenna.  Therefore, 
in  any  type  of  resonant  antenna,  it 
is  possible  to  select  two  points  be- 
tween which  the  resistive  compo- 
nent of  impedance  is  equal  to  the 
characteristic  impedance  of  the 
transmission  line.  This  is  the  basis 
for  the  familiar  delta  match.® 

The  impedance  between  two  driv- 
ing points  is  not  purely  resistive; 


riG.  1 — Driven  element  of  three-element 
close-spoced  array  for  29  me  using  co- 
axial feed  system 


the  actual  impedance  may  always 
be  represented  by  an  equivalent 
series  circuit  of  resistance  and  re- 
actance. Prediction  of  the  actual 
input  impedance  between  two  driv- 
ing points  is  difficult  in  a parasitic 
array  although  approximate  for- 
mulas are  available  for  the  half- 
wave dipole.® 

The  driving  points  must  be 
chosen  empirically  to  satisfy  the 
requirement  of  an  equivalent  series 
resistive  component  equal  to  the 
characteristic  impedance  of  the 
transmission  line.  Once  these  points 
have  been  determined,  the  series 


reactive  component  of  the  impe- 
dance may  be  calculated. 

Shield  Bonded 

Assume  that  two  symmetrically- 
located  driving  points  have  been 
located  on  the  antenna.  If  the 
shield  of  a coaxial  cable  is  con- 
nected to  the  center  of  the  antenna, 
no  antenna  current  will  flow  into 
the  cable  since  the  voltage  at  the 
center  of  the  antenna  is  negligible. 
The  cable  may  also  be  run  along  the 
antenna  since  it  will  act  merely  to 
increase  its  effective  diameter.  If 
protrusion  of  the  inner  conductor 
is  negligible,  no  current  will  flow 
in  the  cable.  Accordingly,  it  may  be 
extended  to  one  of  the  driving 
points.  The  shield  should  be  well 
bonded  to  the  antenna  at  this  point. 

The  center  conductor  of  the  cable 
is  looped  past  the  center  of  the  an- 
tenna to  the  opposite  driving  point. 
The  coax  sees  a load  resistance 
paralleled  by  the  inductance  of  the 
length  of  the  antenna  element  be- 
tween driving  points,  and  in  series 
with  the  inductance  of  the  ex- 
tended center  conductor.  The  in- 
ductance of  both  antenna  and  cen- 
ter conductor  can  be  determined 
from* 

L = 0.00508  a 

(2.303  log  ^ -0.75)  (1) 

where  a and  d represent  length  and 
diameter  of  each  conductor  in 
inches,  and  L is  given  in  fih. 

The  actual  equivalent  circuit  is 
shown  in  Fig.  2A  where  is  un- 
known while  Lp,  the  inductance  of 
the  length  of  antenna  between  driv- 
ing points,  has  been  calculated. 

The  inductance  of  the  extended 
center  conductor,  Lo,  may  likewise 
be  calculated.  In  Fig.  2B  the  paral- 
lel circuit  of  Rp  and  Lp  has  been  re- 
placed by  the  series  equivalent  R, 
and  L,.  In  this  case,  R,  is  the  char- 
acteristic impedance  of  the  line.  In- 
ductance L,  may  be  calculated  from 


x,^  + 

(2) 

X.*  + R.^ 

R. 

(3) 

Xp  -1-  V - 4 R,^ 

2 

(4) 

Resistance  Rp  may  be  determined 
likewise  if  desired. 

Resonating  Load 

Once  X,  has  been  determined  the 
next  step  is  to  combine  it  with  the 
reactance  of  L2  and  insert  a capaci- 
tance, C,  of  such  a value  to  resonate 


FIG.  2 — Equivalent  circuits  of  coaxial 
feed  system  show  effect  of  shorted  line 
and  distributed  inductance 


the  total  inductive  reactance  as 
shown  in  Fig.  2C.  A capacitor  of 
capacitance  C may  be  inserted  in 
the  center  conductor  anywhere 
along  its  length  to  obtain  an  im- 
pedance match. 

Usually  a capacitor  is  not  used 
because  of  weather  effects.  Instead, 
a length  of  cable  may  be  used  to 
present  the  same  capacitive  reac- 
tance. Although  a length  of  either 
open  or  shorted  cable  may  be  used, 
the  shorted  cable  is  preferable  be- 
cause of  its  lower  loss.  If  a shorted 
cable  is  used  the  proper  electrical 
length  may  be  computed  from 

X = ~ j Zk  tan  6 (5) 

where  X is  the  desired  capacitive 
reactance.  The  electrical  angle  9 
may  be  converted  to  inches  from 

^ ^ (32.8)  (9)  (vp) 

where  9 is  expressed  in  degrees,  / 
in  megacycles  and  Vp,  the  propaga- 
tion velocity,  as  a fraction. 
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The  matching  section  and  an- 
tenna may  be  bonded  along  their 
mutual  length  without  altering  the 
performance  of  either. 

Allowable  Mismatch 

The  fact  that  the  antenna  induc- 
tance, Lp,  shunts  the  resistive  com- 
ponent, Rp,  permits  the  system  to  be 
used  when  the  radiation  resistance 
exceeds  the  characteristic  imped- 
ance of  the  line.  A 50-ohm  coaxial 
cable  may  thus  be  matched  to  a 
free-space  dipole  having  a radiation 
resistance  of  73  ohms. 

The  cable  may  be  fed  inside  a 
tubular  antenna  element  with  the 
center  conductor  emerging  through 
a hole  at  one  driving  point  and  re- 
entering the  antenna  tube  at  the 
other  driving  point. 

Experimental  Antennas 

A test  of  the  system  was  first 
made  at  300  me  with  a close-spaced 
three-element  parasitic  array.  In- 
stead of  th£  capacitive  line  section, 
a small  variable  capacitor  was  used. 
A standing  wave  ratio  of  less  than 
1.5  to  1 was  readily  obtained.  An- 
tenna elements  were  3/16  silver- 
plated  brass  rods  and  the  feed  line 
was  RG-58/U. 

The  system  was  next  tested  on  a 
scaled-up  version  of  the  three-ele- 
ment antenna  at  29  me.  Spacing 
from  antenila  to  director  was  0.1 
wavelength  and  from  antenna  to 
reflector,  0.15  wavelength.  The  an- 
tenna was  194  inches  long,  the  re- 
flector, 204  inches,  and  the  director, 
184  inches.  All  elements  were  1 inch 
in  diameter. 

With  a series  variable  capacitor 
and  a Micro-Match,  two  feed  points 
were  located  20  inches  each  side  of 
center.  Type  RG-8/U  c^ble  was 
then  connected  as  described.  The 
cross  lead  was  formed  by  42  inches 
of  center  conductor  from  which  the 
shield  had  been  removed.  The  cross 
lead  was  allowed  to  sag  about  three 
inches  from  the  center  of  the  'an- 
tenna. The  driven  element  is  dia- 
grammed in  Fig.  1. 

The  inductance  of  42  inches  of 
wire  with  a cross-sectional  area  ap- 
proximately equivalent  to  number 
14  wire  from  Eq.  1 is  1.52  fih.  The 


inductance  of  the  antenna,  Lp  is 
0.862  /xh.  Reactance  Xp  is  therefore 
158  ohms  at  29  me.  Reactance  X. 
from  Eq.  4 is  19  ohms.  Reactance 
Xi  is  277  ohms,  making  the  total 
inductive  reactance  296  ohms. 

The  capacitive  reactance  required 
for  resonance  is  296  ohms.  This 
capacitive  reactance  was  obtained 
by  a 72-inch  length  of  RG-8/U, 
shorted  at  one  end,  as  calculated  by 
Eq.  5. 

First  tests  on  the  antenna  were 
made  with  the  shield  of  the  capaci- 
tive shorted  section  and  the  driving 
cable  bonded  to  the  antenna  and  to 
the  metal  supporting  pole  through- 
out their  mutual  lengths.  On  a sec- 
ond antenna  the  shields  were 
bonded  to  the  antenna  at  the  driv- 
ing points  where  the  vinyl  jacket 
was  removed  from  the  cable  but 
the  remainder  of  the  cable  was  left 
with  the  insulation  on  and  merely 
taped  along  the  antenna  and  sup- 
porting pole.  No  difference  in  per- 
formance was  detectable  in  the  two 
systems. 

Standing-Wave  Ratio 

The  antenna  was  mounted  one 
wavelength  above  ground  and 
tested  with  a Jones  Micro-Match. 
The  standing-wave  ratio  was  meas- 
ured as  1/1  at  29  me,  the  resonant 
frequency  of  the  antenna,  rising  to 
approximately  1.5/1  at  28.5  and 
30.0  me. 

A question  arises  as  to  the  desir- 
ability of  a resonant  system  for  im- 
pedance matching  such  as  the 
length  of  coaxial  cable  used  to  pro- 
duce capacitive  reactance.  Refer- 
ence to  Fig.  2C  shows  that  the 
series  resonant  circuit  includes  a 
resistance  of  51.5  ohms.  The  total 
series  inductive  reactance  has  been 
calculated  as  296  ohms.  Thus,  the  Q 
of  the  series  circuit  is  5.75.  Obvi- 
ously, the  feed  system  is  a wide- 
band device  compared  to  the  three- 
element  parasitic  array  on  which 
it  is  used. 

The  29-mc  beam  antenna  was 
next  checked  for  line  current  bal- 
ance. The  pattern  of  the  antenna 
was  first  measured  with  a field- 
strength  meter.  Maximum  radia- 
tion was  found  to  be  perpendicular 


to  the  antenna  elements.  An  unbal- 
anced antenna  will  usually  show  an 
altered  pattern  with  the  maxima 
occuring  slightly  off  center.  The 
field-strength  meter  was  then  posi- 
tioned a fixed  distance  from  each 
antenna-element  tip  in  turn  and 
the  deflection  of  the  meter  was 
found  to  be  the  same  in  each  case. 
This  test  indicates  that  the  voltage 
at  each  antenna  tip  is  the  same. 
Small  incandescent  bulbs  hung 
from  each  end  of  the  antenna 
showed  the  same  brilliance. 

Further  Tests 

Next,  the  center  conductor  was 
broken  close  to  the  first  driving 
point  where  the  conductor  emerged 
from  the  shield.  A receiver  con- 
nected to  the  line  was  now  com- 
pletely dead.  The  absence  of  pickup 
showed  that  the  cable  had  no  signal 
pickup  of  its  own.  Type  RG-8/U 
cable  may  be  used  to  carry  trans- 
mitter outputs  of  two  kw  or  so 
with  the  line  matched.  A standing 
wave  exists  in  the  capacitive 
shorted  line  section.  Therefore  care 
must  be  used  to  select  a line  of 
sufficient  insulation  capacity.  For 
a one-kilowatt  transmitter  the  line 
current  which  must  flow  through 
the  matching  section  is  4.41  am- 
peres. 

The  voltage  drop  across  the 
capacitive  section  of  coax  is  1,310 
volts.  This  voltage  appears  between 
the  inner  conductor  and  the  shield 
of  the  capacitive  matching  section 
at  the  point  where  the  inner  con- 
ductor enters  the  shield.  Since 
RG-8/U  has  a maximum  voltage 
rating  of  4,000  volts  rms,  it  should 
be  adequate  for  transmitter  powers 
of  well  over  one  kilowatt. 
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Photo  Radiation  Patterns 

Two-dimensional  wave  interference  patterns  of  two  or  more  radiators  of  same  frequency 
and  polarization  can  be  synthesized  quickly  and  economically  by  superimposing  bullseye 
patterns  photographically.  Examples  are  shown 

By  GERHART  W.  GOEBEL 


PHENOMENA  of  wave  propaga- 
tion, reflection  and  refraction 
are  best  demonstrated  by  the  ripple 
tank.  In  cases  where  the  extreme 
versatility  of  the  ripple  tank  and 
its  high  cost  and  complexity  are  not 
justified,  the  simple  and  economical, 
photographic  process  described 
may  be  used.  The  system  provides 
two-dimension  patterns  of  two  or 
more  radiators  of  the  same  fre- 
quency and  polarization. 

The  image  of  a wave  in  a plane 
normal  to  the  radiator  is  first 
drawn  in  the  form  of  concentric 
circles  centered  on  the  radiating 
source  which  appears  as  a point. 

The  lines  represent  either  a mini- 


mum or  a maximum;  thus  they  are 
made  equal  in  thickness  to  the 
spaces  between  them,  which  repre- 
sent the  opposite  wave  condition. 
A photographic  negative  prepared 
from  the  target-shaped  drawing  is 
then  printed  on  soft  photographic 
paper  with  an  exposure  value  of 
one-half  normal.  This  produces 
the  basic  pattern  of  grey  and  white. 

Pattern  Synthesis 

In  the  radiation  pattern  of  two 
radiators  spaced  S degrees  and  hav- 
ing phase  difference  (where  S = 
0 and  (f>  = 0),_the  negative  is 
printed  twice  with  the  same  expos- 
ure. The  result  is  an  image  of  two 


grey-and-white  patterns  superim- 
posed to  form  a black-and-white 
pattern  as  illustrated  in  (A).  The 
double  density  of  the  dark  portion 
indicates  reinforcement. 

For  various  phase  differences, 
separate  sets  of  basic  patterns  are 
required,  with  phase  angles  shown 
as  increased  distances  from  the 
center  to  the  first  grey  circle. 

The  method  described  is  especi- 
ally useful  in  helping  students 
visualize  the  effects  of  spacing  and 
phase  changes  on  radiation  pat- 
terns. Extremely  vivid  illustrative 
material  can  be  prepared  by  taking 
cartoon-type  movie  exposures  of 
patterns  with  gradually  changing 
conditions  of  phase  and/or  spacing. 


mM 


ABOVE  IS  BASIC 
PATTERN  OF 
SINGLE- ELEMENT 
RADIATOR  USED  TO 
STNTHESIZE  THE 
MORE  COMPLEX 
FORMS  SHO'MII 
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Pattern  Calculator  for  A-M 

Graphical  method  useful  for  original  design  work  on  a pair  of  a-m  broadcast  antenna 
towers  is  also  particularly  applicable  if  a new  pattern  or  change  in  frequency  is 
necessary.  Requires  only  dividers  and  transparent  overlay 


The  calculation  of  directional 
antenna  patterns  is  often  a 
long  and  tedious  job  and  is  usually 
at  best  a laborious  exercise  in  trig- 
onometry. The  graphical  calculator 
to  be  described  is  readily  applicable 
to  two-tower  arrays  and  once  the 
antenna  spacing  has  been  estab- 
lished it  is  a simple  matter  to  ob- 
serve the  change  in  pattern  shape 
with  variations  of  phasing  angle 
and  antenna-current  ratios.  Al- 
though this  graphical  calculator  can 
be  used  in  original  designs  its  ob- 
vious merit  is  evident  when  the 
towers  are  already  installed  but  per- 
haps a change  in  operating  fre- 
quency is  necessitated. 

The  determination  of  the  shape  of 
a pattern  is  accomplished  by  the 
addition  of  the  field  vectors  from 
each  of  the  towers  in  an  array. 
Figure  lA  is  a graphical  illustration 
of  the  geometry  involved  and  is  used 
to  establish  the  notation  used. 


By  GEORGE  R.  MATHER 

Deveiopmeni 

Tower  1 is  used  as  a reference 
while  tower  2 is  considered  to  be 
spaced  at  S degrees  from  tower  1 
with  a phase  angle  of  P degrees. 
Movable  point  Q is  sufficiently  re- 
mote from  the  array  so  that  the 
lines  from  Q to  tower  1 and  Q to 
tower  2 are  considered  as  being 
parallel.  The  angle  9 is  subtended 
between  the  line  of  the  towers  and  a 
line  from  the  movable  point  Q to 
tower  1.  Thus  for  any  position  of 
point  Q the  total  phase  displacement 
between  the  field  vectors  of  tower  1 
and  tower  2 is  T degrees  where 
T = P — S cos  9. 

The  resultant  field  at- some  angle 
9 is  determined  by  the  use  of  a 
vector  diagram  as  shown  in  Fig.  IB 
where  Ei  and  JS?g  are  proportional  to 
the  field  of  towers  1 and  2 respec- 
tively. Note  that  as  the  angle  9 is 
varied  the  phase  displacement  angle 
T changes  and  as  a result  the  posi- 


tion of  Et  with  reference  to  E^  is 
dependent  on  the  angle  9.  Actually 
the  radius  vector  Et  describes  the 
arc  of  a circle. 

In  Fig.  2 the  following  relation- 
ships become  evident.  When  T = P 

— S cos  9y  and  when  9 = 0,  T = P 

— S,  also  when  9 = 180,  T = P + S. 
Thus  the  arc  subtended  by  the 

rotation  of  the  vector  Ea  is  (P  -f  S) 

— (P  — S')  = 2S  degrees.  There- 
fore if  the  spacing  S remains  fixed, 
any  such  arc  whose  circumference  is 
calibrated  in  9 may  be  used  with  any 
combination  of  current  ratio  and 
phasing  angle.  This  calibration  of 
the  circumference  in  9 is  also  ac- 
complished by  solution  of  the  equa- 
tion T = P — S cos  9,  where  9 is  the 
variable. 

For  purpose  of  illustration, 
graphical  calculators  have  been  com- 
puted for  spacing  angles  90,  136, 
180  and  225  degrees. 


FIG.  1 — ^Bcuic  lelattonships  used  in  setting  up  tower  equations 
wiUi  spatial  relationships  shown  at  (A)  and  rector  addition 
in  (B) 


FIG.  2 — ^Vector  diagram  to  show  how,  if  the  spacing  S between 
the  antenna  towers  remains  fixed,  the  arc  subtended  by  Et 
be  calibrated  in  O 
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Example  the  transparency  that  is  then  placed  The  resultant  for  any  angle  from 

In  a determination  of  the  shape  of  register  on  the  pattern  calculator  the  tower  line  is  then  the  sum  of  the 
a pattern  all  that  is  necessary  is  a (90  degrees)  so  that  the  line  passes  vectors  Ei  and  Es,  it  being  recog- 

pair  of  dividers  and  a transparent  through  the  common  point  of  the  nized  that  the  position  of  Ea  at  any 

overlay  sheet.  Suppose,  for  example,  two  vectors  and  through  a phasing  angle  is  the  intersection  of  the  circle 
we  have  the  following  array:  Ei  = ~ spacing  angle  of  —30  degrees.  described  by  E,  with  the  line  repre- 

1.0,  <0;  Ea  = 0.5,  <+60;  S = 90  From  the  common  point  measure  senting  that  angle  from  the  tower 

degrees.  Note  that  the  phasing  an-  a dfistance  to  the  left  on  the  line  that  line. 

gle  minus  the  spacing  angle  is  is  proportional  to  Ei.  With  the  com-  The  resultant  vector  will  be  in  the 
equal  to  60  — 90  = —30  degrees,  mon  point  as  center,  draw  a circle  same  units  as  were  used  for  Ex  and 

First  a straight  line  is  drawn  on  with  a radius  proportional  to  Ea.  E„ 


FIG.  3 — Patterns  can  be  computed  to  slide-rule  accuracy  using  enlargements  of  these  calculators.  They  are  given  for  antenna 

spacings  of  90.  135,  180  and  225  degrees 
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Antenna  Analyzer 

Radiation  patterns  of  standard  broadcast  antenna  arrays  are  produced  on  the  screen  of  a 
catfaode-ray  tube  by  an  improved  electronic  computer  employing  only  38  tubes.  Polar 
or  rectangular  presentation  of  the  array  pattern  can  be  displayed 


The  radiation  equation  for 
the  multielement  parallel  an- 
tenna array  does  not  lend  itself 
readily  to  analysis  in  broadcast  an- 
tenna radiation  pattern  problems. 
The  task  of  synthesis  of  an  array 
to  produce  a certain  desired  radia- 
tion pattern  is  much  more  difficult. 
A trial  and  error  process  must  be 
followed  and  the  task  is  both  tedi- 
ous and  time  consuming. 

To  reduce  the  problem  to  practi- 
cal proportions,  numerous  mechan- 
ical computers^  and  electrome- 
chanical computers^  have  been 
constructed.  The  mechanical  com- 
puters have  been  limited  by  me- 
chanical complexity  to  three  an- 
tenna elements,  but  no  apparent 
limit  exists  for  the  curve-drawing 
electromechanical  devices.  Any  one 
of  these  machines  is  capable  of  giv- 
ing the  relative  distant  field  pat- 
tern for  a given  array  fed  in  a 
proper  prescribed  manner. 

One  of  the  most  recent  contribu- 
tions in  the  field  of  antenna  array 
computer  design  was  made  by 
BroAvn  and  Morrison*.  They  built 
an  entirely  electronic  device  cap- 
able of  giving  a continuous  picture 
of  the  antenna  array  radiation  pat- 
tern on  the  screen  of  a cathode-ray 
tube.  With  the  aid  of  such  a com- 
puter, the  problem  of  antenna  ar- 
ray synthesis  was  reduced  to  dial 
adjustment  until  the  desired  radia- 
tion pattern  was  observed  on  the 
screen  of  the  cathode-ray  tube.  The 
approximate  solution  obtained 
from  the  computer  then  could  be 
improved  to  the  desired  degree  of 
accuracy  by  a much  shorter  trial 
and  error  process. 

A similar  electronic  calculator 
that  was  designed  for  classroom 
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antenna  array  demonstration,  as 
well  as  for  array  analysis  and  syn- 
thesis, will  be  described. 

Control  of  element  parameters  is 
effected  by  potentiometer  adjust- 
ment of  direct  current  and  60-cps 
voltages,  and  by  the  use  of  selsyn 
control  transformers  as  60-cps  volt- 
age phase  shifters.  Each  dial  is 
calibrated  in  terms  of  the  para- 
meter it  controls.  Provisions  are  in- 
cluded for  polar  or  rectangular 
presentation  of  the  array  radiation 
pattern. 

As  was  pointed  out  by  Brown  and 
Morrison,  the  electronic  reproduc- 
tion of  the  radiation  pattern  of  an 


fig.  1 — Simple  array  consisting  of  two 
parallel  elements  and  equation  for  dis- 
tant field 


FIG.  2 — Horizontal  projection  of  the  two- 
element  array  is  shown  at  A and  the 
ZO  p'  plane  protection  at  B 


antenna  array  depends  upon  the 
fact  that  the  array  factor  can  be 
represented  exactly  by  the  magni- 
tude of  the  sum  of  a sine  wave  volt- 
age, representing  the  field  contribu- 
tion of  the  reference  element,  and 
a series  of  phase-modulated  sine- 
wave  voltages,  representing  the 
field  contributions  of  the  other  ele- 
ments. Consider  an  array  of  paral- 
lel elements  erected  vertically  on 
a perfectly  conducting  plane  earth 
as  shown  in  Fig.  1.  The  vertical 
component  of  the  electric  field  at 
point  p,  located  at  distance  R {R 
very  large  compared  with  the  wave- 
length X)  from  the  reference  ele- 
ment is  given  in  Eq.  1,  where 
F„(d)  is  the  element  factor,  A 
is  the  array  factor,  R is  the  dis- 
tance in  meters  to  the  point  of 
measurement,  0 is  the  angle  from 
the  top  of  the  element  to  the  point 
of  measurement,  <f>  is  the  bearing 
angle  from  true  north  of  the  point 
of  measurement,  and  /„»  is  the  ef- 
fective value  of  current  in  the  ref- 
erence element  at  the  point  of 
maximum  current  along  the  ele- 
ment. The  horizontal  plane  and 
ZOp'  plane  projections  of  the  an- 
tenna array  are  shown  in  Fig.  2. 
If  the  distance  to  the  point  of 
measurement  is  much  greater  than 
the  spacing  between  elements,  rays 
from  the  elements  to  the  point  of 
measurement  may  be  considered 
parallel  and  the  array  factor  for  a 
two-element  array  is  as  shown  in 
Fig.  2. 

The  array  factor  for  a five-ele- 
ment array  is  shown  in  Fig.  3, 
where  /c„  is  the  ratio  of  current  in 
element  n to  current  in  the  refer- 
ence element,  8„  is  the  phase  differ- 
ence between  current  in  element  n 
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and  current  in  the  reference  element 
in  electrical  degrees,  a„  is  the 
azimuth  of  element  n in  degrees, 
and  Sn  is  the  spacing  between  ele- 
ment n and  the  reference  element  in 
electrical  degrees. 

If  the  elements  are  not  of  equal 
length,  kn  becomes  the  ratio  of  the 
product  of  the  current  maximum 
and  the  element  factor  of  element  n 
to  the  product  of  the  current  maxi- 
mum and  the  element  factor  of  the 
reference  element. 

To  duplicate  the  array  factor 
electrically,  let  the  component  of 
the  electric  field  produced  by  the 
reference  element  be  represented 
by  the  expression  of  Eq.  6 in  Fig.  4. 
Let  the  component  of  the  relative 
electric  field  produced  by  element  n 
be  represented  by  Eq.  7. 

If  five  elements  are  the  maxi- 
mum number  to  be  considered,  the 
sum  of  the  simulating  voltages  be- 
comes Eq.  8 and  expansion  of  one 
expression  allows  the  sum  of  the 
simulating  voltages  to  be  written 
as  shown  in  Eq.  10.  Grouping  of 
terms  and  substituting  as  shown, 
the  sum  of  the  simulating  voltages 
becomes  Eq.  14. 

If  B„  = 2/„,  Eq.  14  has  an  am- 
plitude identical  to  Eq. 

5,  and  is  phase  modulated  in 
a very  complex  manner.  If  the 
simulating  voltages  are  combined 
in  a mixing  circuit  with  a band- 
width sufficient  to  accommodate  all 
significant  sideband  components, 
and  the  resulting  sum  is  applied  to 
a linear  detector,  the  array  factor 
will  be  simulated  by  the  output  of 
the  detector. 

Thus  to  produce  a complex  volt- 
age whose  envelope  magnitude  sim- 
ulates the  array  factor  of  the 
multielement  parallel  antenna  ar- 
ray erected  vertically  on  a perfectly 
conducting  plane  earth,  for  arrays 
with  not  more  than  five  elements, 
we  require  a sine-wave  voltage  of 
constant  amplitude  and  frequency, 
and  up  to  four  phase-modulated 
voltages  of  arbitrary  magnitude 
and  arbitrary  average  phase,  maxi- 
mum phase  deviation,  and  phase  of 
phase  deviation. 

Let  us  again  consider  the  expres- 


sion for  the  phase  deviation  of  the 
voltage  intended  to  represent  the 
distant  field  contribution  of  element 

n. 

Bn=K  + S„cos((f)  — a„)  (4a) 
Element  current  phase  angle  8„ 
must  have  a range  of  =+=  180  de- 
grees. If  spacing  Sn  between  ele- 
ment n and  the  reference  element 
has  a maximum  value  of  900  de- 
grees, the  total  phase  swing  j5„  may 


be  as  large  as  d=  1,080  degrees.  Sev- 
eral wide-range  phase  modulators 
employing  conventional  electron 
tubes  have  been  developed.  Sys- 
tems of  phase  modulation  by  Kell* 
and  by  Day“  give  good  linearity 
over  a range  of  zb  120  degrees. 
The  system  due  to  Day  was  found 
to  give  a somewhat  more  linear 
phase-modulation  characteristic  and 
a higher  output  voltage;  therefore 


ANTENNAS 


85 


that  system  was  used  in  the  elec- 
tronic computer.  Two  tripler-am- 
plifiers  in  cascade  increase  the  dz 
120-degree  variation  capability  to 
rt  1,080  degrees. 

Reference  is  made  to  the  circuit 
diagram  of  the  computer  unit,  Fig. 
5.  A type  6SJ7  pentode  is  employed 
in  a modified  Pierce  crystal  oscil- 
lator circuit.  The  quartz  plate  has 
a nominal  frequency  of  100  kc.  The 
circuit  is  arranged  to  allow  plate 
current  flow  during  only  a very 
small  fraction  of  the  oscillation 
cycle.  A 39,000-ohm  resistor  iso- 
lates the  plate  from  the  oscillating 
circuit.  The  resulting  plate-volt- 
age wave  is  a pulse  about  —50  volts 
high  and  one-half  microsecond 
wide.  The  output  voltage  of  the 
oscillator  is  applied  to  a type  6SN7 
tube  in  a differentiator  cathode-fol- 
lower circuit  in  which  the  pulse 
phase  is  reversed,  the  pulse  width 
is  reduced  to  a very  small  fraction 
of  a microsecond,  the  pulse  ampli- 
tude is  reduced  slightly,  and  the 
impedance  level  is  reduced  to  about 
450  ohms. 

The  output  voltage  of  the  cath- 
ode follower  is  applied  to  a pulse 
bus  which  feeds  the  reference-ele- 
ment cascade-tripler  amplifier  and 
the  four  element-phase  modulators. 
Two  type  6SJ7  pentodes  are  em- 
ployed in  the  two-stage  cascade- 
tripler  amplifiers.  The  reference- 
element  tripler  amplifier  introduces 
a 900-kc  voltage  of  constant  ampli- 


system 

tude  in  series  with  the  common  re- 
sonant circuit  employed  for  voltage 
mixing. 


Phase  Control 

The  element-phase  modulators 
use  the  positive  pulse  from  the 
pulse  bus  to  key  one-half  of  a 6SN7 
in  a hard-tube  sawtooth  oscillator 
circuit.  The  time  constant  of  the 
sawtooth  circuit  is  2.5  times  the 
wave  period;  therefore,  the  result- 
ing sawtooth  voltage  has  a peak 
value  of  0.32  Ebb  or  70  volts. 

A second  6SN7  is  employed  in  a 
variable  clipper-differentiator  cir- 
cuit; the  clipper  grid  is  directly 
coupled  to  the  plate  of  the  saw- 
tooth-generator tube.  The  cathode 
bias  of  the  clipper  is  adjusted  to  al- 
low grid  conduction  when  the  saw- 
tooth voltage  rises  to  35  volts. 
Shortly  before  grid  conduction  be- 


gins, clipper  plate  conduction  pro- 
duces a sudden  drop  in  clipper  plate 
voltage. 

The  clipper  plate  voltage  drives 
a differentiator  - phase  - reverser 
which  gives  a sharp  40-volt  positive 
pulse,  the  position  of  which  is  de- 
termined by  the  clipping  level. 
Fairly  linear  pulse  position  varia- 
tion with  clipper  cathode-voltage 
variation  was  obtained  over  a 
range  of  d=  130  degrees.  The  aver- 
age clipping  level,  which  is  deter- 
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FIG.  4 — Equations  for  simulating  volt- 
ages for  duplicating  the  array  factor 
electrically 


Horizontal  radiation  pattern  for  the  WBAA  night  antenna  array.  The  calculated  pattern  is  shown  at  right 
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mined  by  the  d-c  cathode  potential 
of  the  clipper,  is  made  adjustable 
over  a =t  20-degree  range,  and  the 
dial  of  the  5,000-ohm  wire-wound 
potentiometer  used  to  control  the 
cathode  d-c  potential  is  calibrated 
linearly  in  terms  of  average  channel 
output  phase,  which  corresponds  to 
antenna  element  current  phase, 
over  a range  of  d- 180  degrees.  The 
two  5,000-ohm  rheostats  in  series 
with  the  calibrated  potentiometer 
are  used  to  adjust  the  180  and 
— 180-degree  phase  positions.  The 
control  dial  is  labeled  phase. 

Spacing 

Modulation  at  a frequency  of  60 
cps  simulates  variation  in  0 and 
was  achieved  by  means  of  a low- 
gain  modulating  amplifier,  directly 
coupled  to  the  cathode  of  the  clip- 
per. The  second  half  of  the  first 
6SN7  in  the  modulator  section  was 
used  for  this  purpose.  Excitation 
of  the  modulating  amplifier  was 
furnished  by  the  secondary  of  a 
selsyn  control  transformer  whose 
delta  connected  primary  was  ex- 
cited by  a three-phase  60-cps  power 
source  in  the  power-supply  unit. 
The  level  of  the  60-cps  modulation 
was  controlled  by  a 10,000-ohm 
wire-wound  potentiometer  in  the 
grid  circuit  of  the  modulating  am- 
plifier. At  the  maximum  setting  of 
this  potentiometer,  the  position  of 
the  modulator  output  pulse  is  sinus- 
oidally varied  over  a range  of 
dz  100  degrees.  This  corresponds  to 
a crest  phase  modulation  of  900  de- 
grees in  the  output  of  the  element 
cascade-tripler  amplifier,  and  there- 
fore the  dial  controlling  the  poten- 
tiometer is  linearly  calibrated  from 
0 to  900  degrees.  Crest  phase  mod- 
ulation represents  the  spacing  be- 
tween the  element  and  the  refer- 
ence element;  hence  the  dial  is 
marked  spacing.  A series  5,000- 
ohm  rheostat  allows  initial  cali- 
bration of  the  spacing  control. 

The  phase  position  of  60-cps 
modulating  voltage  is  controlled  by 
the  shaft  position  of  the  selsyn  con- 
trol transformer.  Deviation  between 
rotor  mechanical  angle  and  secon- 
dary-voltage phase  angle  for  6.3 


volt,  balanced  three-phase  60-cps 
excitation  of  the  primary  was 
found  to  be  very  small,  and  there- 
fore permitted  direct  phase-shift 
calibration  of  the  selsyn  transform- 
ers. The  control  dials  of  the  selsyn 
transformers  were  marked  azi- 
muth, as  variation  in  the  phase  of 
the  60-cps  modulating  voltage  cor- 
responds to  changes  in  the  azimuth 
of  the  element  cun. 

The  output  pulse  voltage  pro- 
duced by  the  element  phase-modu- 
lator drives  the  control  grid  of  a 
6SJ7  pentode  operating  as  a class- 
C tripler  amplifier.  The  sine-wave 


voltage  produced  across  the  tripler- 
amplifier  plate  parallel-resonant 
circuit  has  a center  frequency  of 
300  kc  and  a phase-modulation 
crest  three  times  as  large  as  pres- 
ent at  the  output  of  the  modulator. 

The  second  tripler  amplifier  is 
capacitance  coupled  to  the  plate  of 
the  first  and  also  uses  a 6SJ7.  The 
second  tripler  amplifier  performs 
the  function  of  output  voltage  con- 
trol for  the  element  channel.  A lin- 
ear 10,000-ohm  wire-wound  poten- 
tiometer is  employed  to  control  the 
screen  grid  d-c  potential  and  hence 
the  output  voltage.  A series  5,000- 


fig.  6 — Circuit  of  indicator  unit  mounted  on  top  of  front  panel 
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ohm  rheostat  is  provided  for  ini- 
tial adjustment. 

The  output  voltage  of  the  tripler 
was  found  to  vary  almost  exactly 
with  the  square  root  of  the  screen- 
grid  voltage;  a linear  dial  calibra- 
tion was  used  for  the  voltage-am- 
plitude control,  and  as  the  output- 
voltage  magnitude  simulates  the 
antenna-element  current  magnitude 
(for  equal-length  elements),  the 
dial  was  labeled  current  squared. 

The  secondaries  of  the  second 
tripler-amplifier  plate  transformers 
are  connected  in  series  and  the 
combination  is  tuned  to  resonate  at 
900  kc.  Although  five  tripler  am- 
plifiers are  coupled  to  a common 
900-kc  mixing  circuit,  almost  no 
cross-channel  modulation  exists ; 
the  angle  of  plate-current  flow  for 
the  type  6SJ7  pentodes  is  very 
small  and  therefore  their  effective 
plate  resistance  is  very  high.  FIG.  7 — Power  supply  circuit  includes  three-phase  6.3-volt  source  at  top  left 


, = 90* 


Horizontal  radiation  pattern  of  the  WBAA  night  antenna  array  with  an  interference 
element  added  having  the  parameters  given 


Horizontal  radiation  pattern  of  an  unsymmetrical  three-element  array 


S,  = 187®  S,  = 16.6° 

k,=0.46  «..=85® 


52  = 93°  • ^2= -163.4° 

k2  = 0.46  0.2  = 180° 


The  indicator  unit  occupies  the 
top  chassis  of  the  antenna  analyzer. 
This  unit.  Fig.  6,  includes  a 5BP4 
cathode-ray  tube  and  high-voitage 
power  supply,  a linear  sweep  gener- 
ator, a computer  signal  amplifier^ 
and  a polar  converter. 

If  the  rectangular  presentation 
of  the  antenna-array  radiation  pat- 
tern is  desired,  the  polar-rectangu- 
lar switch  is  placed  in  the  rectangu- 
lar position.  A 6SN7  in  a direct- 
coupled  amplifier  circuit  increases 
the  computer  output  voltage.  A po- 
tentiometer in  the  grid  circuit  per- 
mits control  of  the  output  signal 
voltage. 

The  computer  signal  amplifier  is 
directly  coupled  to  the  vertical 
plates  of  the  cathode-ray  tube. 
Direct  coupling  is  necessary  to  pre- 
serve the  d-c  component  of  the  com- 
plex voltage  wave  that  may  be 
produced  by  the  computer.  The  60- 
cps  linear  sweep  voltage  applied  to 
the  horizontal  plates  of  the  cathode- 
ray  tube  is  furnished  by  a type  884 
gas-triode  sawtooth  generator  fol- 
lowed by  a 6SL7  amplifier. 

Means  are  provided  for  the  in- 
itial synchronization  of  the  saw- 
tooth generator  and  for  the  initial 
adjustment  of  sweep-voltage  ampli- 
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S,  = S3  * 180* 


k,  - - k3  = k4  = 1 


a,*aA”  0* 


S,  = S.=360‘ 


ci,  = a2«(80® 


S,  = &2  = S3=&4=0« 

Horizontal  radiation  pattern  of  a broadside  array  of  five  elements 


k,- k2~k3*  k^®l 


a,»a2»i80* 

S^«-180° 


4,-90” 


«-3=a4=0® 


S,=  S3=90* 


4, *90” 


$2 -54  = 180” 

4,-180® 


Horizontal  radiation  pattern  of  an  end-fire  array  of  five  elements 


tude.  Double  potentiometers  pro- 
vide centering  control  for  the 
cathode-ray  tube.  The  cathode-ray 
tube  is  equipped  with  a rectangular 
coordinate  scale,  drawn  on  a blue 
plastic  filter,  to  assist  in  pattern 
evaluation.  If  polar  presentation  of 
the  antenna-array  radiation  pattern 
is  desired,  the  rectangular-polar 
switch  is  turned  to  the  polar  posi- 
tion. The  plate  voltage  of  the  linear 
oscillator  and  its  amplifier  is  inter- 
rupted and  screen  voltage  is  applied 
to  a double-balanced  modulator  cir- 
cuit employing  four  6L6-G  tubes. 
The  plates  of  the  cathode-ray  tube 
are  directly  coupled  to  the  double- 
balanced  modulator.  The  push-pull 
connected  control  grids  of  the  bal.- 
anced  modulators  are  fed  in  quad- 
rature from  a 6.3-volt  transformer 
secondary  by  means  of  a 90-degree 
phase-shifting  network.  The  con- 
trol grids  are  biased  to  produce 
plate-current  cutoff  for  a screen 
voltage  of  about  20  volts.  Screen 
voltage  for  the  modulator  tubes  is 
provided  by  the  computer  signal 
amplifier. 

If  all  antenna  current-squared 
controls  are  set  at  zero,  and  the 
gain  control  of  the  indicator  unit 
is  set  at  about  one-third  full  rota- 
tion, a circle  will  be  produced  on  the 
screen  of  the  cathode-ray  tube.  If 
other  elements  are  introduced,  the 
resulting  figure  will  be  more  com- 
plex if  the  spacing  controls  are  not 
set  at  zero. 

The  cathode-ray  tube  is  equipped 
with  a polar  coordinate  scale  to  as- 
sist in  pattern  evaluation.  Suffi- 
cient gain  has  been  provided  in  the 
unit  to  permit  enlargement  of 
minor  lobes  in  complex  array  pat- 
terns. The  polar  presentation  is 
not  linear  enough  for  computing 
work,  but  it  is  satisfactory  for 
classroom  demonstration  and  for 
first  approximations  in  array  de- 
sign. 

Power  Supply 

The  power  unit  of  Fig.  7 fur- 
nishes 6.3-volt  60-cps  filament  volt- 
age, 6.3-volt  60-cps  3-phase  for  the 
four  selsyn  transformers,  220  volts 
d-c  plate  voltage,  105  volts  control 
voltage,  and  —75  volts  bias  voltage 


for  the  computer  and  indicator 
units.  The  rectifier,  voltage-regu- 
lator section  is  conventional. 

Three-phase  voltage  for  the  sel- 
syn transformers  is  obtained  from 
two  6.3-volt  transformers  con- 
nected in  open  delta.  One  of  the 
transformers  is  fed  directly  from 
the  117-volt  line  and  the  second  is 
fed  through  a 60-degree  constant- 
voltage  phase  shifter  connected  to 
the  line.  Switches  provide  separate 
control  of  filament  and  plate 
voltage. 

Oscillograms  of  horizontal  radi- 
ation patterns  are  given  for  two- 
element,  three-element,  four-ele- 
ment and  five-element  arrays. 

If  the  oscillograms  of  the  WBAA 
night  antenna  array  radiation  pat- 
tern are  compared  with  the  com- 
puted pattern,  it  may  be  seen  that 
the  error  is  relatively  small.  It  is 
believed  that  the  device  will  con- 
tinue to  be  of  value  as  a classroom 


teaching  aid  in  antenna  array 
study,  and  that  the  equipment  is  ac- 
curate enough  to  be  employed  for 
first  approximation  work  by  the 
broadcast-array  design  engineer. 

The  writer  gratefully  acknowl- 
edges the  encouragement  and  guid- 
ance of  Robert  P.  Siskind  of  the 
School  of  Electrical  Engineering  at 
Purdue  University,  under  whose 
supervision  this  project  was  car- 
ried forward. 
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Improved  Antenna  Pattern  Measurement 

Facilities 

By  M.  W.  SCHEIDORF 


Characteristics  of  an  antenna 
are  essentially  defined  by  its  two 
principal  qualities,  input  impedance 
and  radiation  patterns.  It  is  gen- 
erally understood  that  electrical 
measurements  to  determine  these 
characteristics  must  be  made  with- 
out refiections  from  structures  in 
the  vicinity  of  the  antenna.  This 
is  particularly  true  of  pattern 
measurements  where  reflected  sig- 
nals contribute  to  errors  in  the  first 
order  as  compared  with  impedance 
measurements  where  these  errors 
appear  as  second  order  effects. 

Patterns  are  taken  in  two  ways. 
In  one  method,  a signal  is  applied  to 
the  antenna  under  test  (rotatable  in 
the  plane  desired)  and  the  field  is 
measured  by  a second  fixed  antenna, 
(similar  to  the  test  antenna  but 
often  only  a dipole  antenna  or 
special  directive  antenna).  In  a 
second  method,  a fixed  field  is  estab- 
lished by  a source  antenna  and  the 
test  antenna  is  rotated  in  this  field. 
Measurements  are  then  made  of  the 
voltage  received.  Due  to  a condition 
of  reciprocity,  the  results  obtained 


FIG.  1 — Ground  reflection  diogrcdn  for 
test  ontenna  setup 


are  the  same  for  both  methods. 

When  operating  at  very  short 
wavelengths  it  is  possible  to  rotate 


the  test  antenna  in  either  a vertical 
plane  or  a horizontal  plane  so  as 
to  obtain  the  commonly  accepted 
standard  patterns,  but  due  to 
ground  reflections,  it  is  usually 
preferable  to  rotate  it  in  only  the 
horizontal  plane,  see  Fig.  1. 

In  most  pattern  tests  it  is  pos- 
sible to  avoid  all  reflections  except 
the  ground  reflection  and  the  condi- 
tions as  indicated  in  this  figure  are 
met.  Radiation  from  one  antenna 
to  the  other  takes  place  over  two 
general  paths,  one  directly  between 
them,  path  A,  and  another  by  virtue 
of  a ground  reflection,  path  B.  Two 
difficulties  result:  the  signal  re- 
ceived will  vary  anywhere  from 
essentially  nothing,  due  to  cancella- 
tion, to  about  double  that  for  path 
A alone,  due  to  reinforcement;  and 
the  pattern  as  defined  by  the  field  at 
the  test  antenna,  will  be  a complex 
combination  of  the  patterns  in  two 
planes,  differing  in  altitude  by  the 
angle  p.  Generally  the  horizontal 
pattern  is  desired,  so  the  two  anten- 
nas must  be  on  the  same  level  re- 
ducing and  ff,  and  angles  a and 
P to  the  same  value. 

It  is  obvious  that  the  only  remedy 
for  the  interference  is  to  reduce  the 
radiation  along  path  B to  a satis- 
iactory  minimum.  This  may  be  ac- 
complished in  two  ways.  First,  the 
antenna  heights  are  made  as  large 
as  possible  compared  to  the  separa- 
tion D.  This  will  reduce  the  field 
from  path  B inversely  in  propor- 
tion. Distance  D is  usually  fixed  by 
the  frequency  of  operation  and  the 
size  of  the  antennas  by  a commonly 
accepted  relationship  D = Kd^/X 
where  X is  a value  of  unity,  or 
greater  (depending  on  the  degree  of 
pattern  accuracy  desired),  d is  the 


aperture  of  the  antennas  and  X is 
the  wavelength  of  operation.  Hence 
the  height  above  ground  is  no 
longer  a matter  of  simple  arbitrary 
choice.  Secondly,  the  radiation  from 
the  source  antenna  may  be  made 
directive  in  the  vertical  plane  so 
that  there  is  relatively  little  radia- 
tion at  the  angle  a. 

Testing  Large  Antennas 

Testing  of  large  antennas  at  low 
frequencies  will  be  found  to  require 
large  distances  D and  consequently 
large  heights  above  ground.  The 
cover  page  illustrates  a tower  struc- 
ture designed  to  meet  the  require- 
ments of  these  conditions.  The 
tower  structure  is  mounted  on  skids 
and  is  moved  about  to  suit  different 
distances  D by  means  of  a bull- 
dozer. The  source  antenna  is 
mounted  on  a sliding  frame,  which 
may  be  elevated  to  the  desired 
height  after  the  antenna  has  been 
constructed  and  attached  to  the 
frame  at  ground  level. 

The  condition  of  vertical  direc- 
tivity is  demonstrated  also.  The 
source  antenna  consists  of  two 
vertical  rows  of  folded  dipole  an- 
tennas, four  in  each  row,  fed  in 
phase  and  so  spaced  as  to  give  the 
desired  horizontal  and  vertical  radi- 
ation patterns.  No  attempt  is  made 
to  suppress  the  backward  radiation 
from  this  antenna,  such  a pro- 
cedure being  required  only  when 
the  general  space  in  that  direction 
has  possible  reflecting  surfaces  or 
when  a stronger  forward  field  is 
needed.  In  the  particular  setup 
shown,  the  antenna  separation  was 
92  feet  and  the  height  above  ground 
28  feet.  Measurements  were  being 
made  in  the  frequency  range  152  to 
162  me. 
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TV  Receiving  Antenna  Measurements 


By  KENDRICK  H.  lIPPITT 


Technical  information  regarding 
antenna  arrays  is  needlessly  con- 
fused by  the  maze  of  conflicting 
performance  figures  published  by 
some  manufacturers. 

Measurements  made  on  television 
receiving  antennas  using  the  sys- 
tem of  the  Technical  Appliance 
Corp.  result  in  a gain  figure  which 
takes  into  consideration  not  only 
the  true  gain  of  the  antenna  but 
also  the  mismatch  loss  which  occurs 
into  a 300-ohm  load. 

In  this  system,  the  voltage  de- 
veloped across  the  terminals  of  a 
folded  dipole  terminated  in  a 300- 
ohm  load  is  compared  with  the  volt- 
age developed  across  the  terminals 
of  the  antenna  array  being  tested, 
also  terminated  in  a 300-ohm  load. 

Thirty  feet  of  standard  300-ohm 
twin-lead  line  connect  the  standard 
folded  dipole  and  the  array  under 
test  to  the  measuring  voltmeter.  A 
plug  arrangement  is  used  at  the  in- 
put to  the  voltmeter  so  that  neither 
of  the  two  transmission  lines  can 
be  connected. 

The  voltmeter  used  is  an  RCA 
type  301B,  a high-frequency  field- 
intensity  meter.  It  has  a linear 
measuring  system  and  is  sufiS- 
ciently  stable  for  gain  measure- 
ments. The  input  circuit  of  the 
meter  was  designed  to  have  an  im- 
pedance of  300  ohms  by  means  of  a 
General  Radio  bridge,  type  916A, 
and  a standing-wave  line.  For  chan- 
nels 7 to  13  special  equipment  was 
built  with  linear  scales. 

The  zone  in  which  the  array  is 
placed  for  measurement  and  the 
half-wave  dipole  used  for  reference 
are  not  subject  to  exactly  the  same 
signal  intensity.  Therefore,  a tele- 
vision program  can  not  be  used  to 
measure  the  gain  of  an  antenna  ar- 
ray because  the  6-mc  signal  level 
changes  as  picture  detail  varies. 

A signal  generator  with  stable 
output  connected  to  an  all-channel- 
type  transmitting  antenna  is  the 
best  source  of  signal  for  this  type 


of  measurement.  It  is  tunable  to 
any  frequency  within  its  range  and 
sends  out  a signal  with  a narrow 
bandwidth.  In  this  way  the  per- 
formance of  the  antenna  over  the 
6-mc  band  or  over  a series  of  bands 
may  be  probed  at  many  points. 

Constant  field  intensity  must  be 
obtained  in  the  zone  in  which  the 
antennas  under  test  are  located. 
Vertical  rather  than  horizontal  po- 
larization reduces  any  discrepancy 
to  a small  figure.  With  vertical 
polarization,  the  mutual  loading  of 
ground  on  the  antenna  is  negligible 
if  the  antenna  is  vertical  to  ground. 
If  an  array  is  horizontal,  the  mutual 
coupling  may  cause  a significant 
change  in  the  operating  impedance 
of  the  array. 

Test  Method 

In  order  that  the  standard  refer- 
ence folded-dipole  antenna  is  in  ex- 
actly the  same  field  as  the  antenna 
under  test,  the  two  antennas  are 
placed  on  a T mast  which  is  rotated 
to  measure  front  and  back  ratios 
of  both  antennas. 

In  the  gain  measurement  proce- 
dure, the  signal  generator  is  tuned 
to  the  frequency  desired  and  al- 
lowed to  stabilize.  Next,  the  an- 
tenna array  is  plugged  into  the 
voltmeter  and  the  meter  tuned  to 
the  frequency  of  the  signal  gener- 
ator and  allowed  to  stabilize.  The 
antenna  array  is  then  rotated  to 
the  forward  position  of  the  T mast 
and  the  meter  reading  recorded. 

Finally,  the  transmission  line 
from  the  reference  folded  dipole  is 
plugged  into  the  measuring  volt- 
meter in  place  of  the  line  from  the 
antenna  array  without  retuning  the 
signal  generator  or  the  meter.  The 
reference  folded  dipole  is  then 
swung  into  the  position  previously 
occupied  by  the  antenna  array  and 
the  meter  reading  recorded. 

With  single-channel  type  anten- 
nas, such  as  Yagi  antennas,  it  is 
possible  to  estimate  the  maximum 


gain  obtainable  from  any  type  array 
made  up  of  half-wave  elements.  The 
chart  shown  gives  the  maximum 
gain  available  from  antenna  arrays 
with  various  numbers  of  half-wave 
elements. 

For  the  same  total  transmitting 
power,  the  power  in  a single  half- 
wave dipole  antenna  is  twice  that  in 
each  dipole  of  an  antenna  made  up 
of  two  half-wave  dipoles.  If  the 
power  is  cut  in  half  the  field  pro- 
duced by  the  antenna  is  reduced  to 
0.707  times  its  previous  value. 
Therefore,  if  the  voltage  from  the 
two  half-wave  dipoles  adds  up  in 
phase,  1.4,  a 3-db  gain  is  obtained 
over  a single  dipole  antenna. 

In  the  chart  the  gain  of  two  ele- 
ments over  one  is  given  as  four 
rather  than  three  db.  This  improve- 
ment is  produced  by  a change  in  the 
current  distribution  on  the  antenna 
elements.  When  elements  are  spaced 
close  together,  as  in  the  conven- 
tional Yagi,  the  current  distribu- 
tion is  not  sinusoidal.  For  this  same 
reason,  top  loading  of  transmitting 
antennas  is  justified  where  the  cur- 
rent distribution  is  changed  to  in- 
crease the  transmitted  signal. 

The  justification  for  the  re- 
mainder of  the  chart  follows  from 


Maximum  gain  obtainable  from  anten- 
na arrays  with  various  numbers  of 
half-wave  elements.  For  example,  a 
four-element  array  is  capable  of  pro- 
ducing a maximum  power  gain  of  5 
or  a voltage  gain  of  2.3  which  is  7-db 
goin  over  a half-wave  dipole 
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the  previous  reasoning.  When  the 
power  is  divided  into  two  similar 
antennas,  the  gain  is  increased 
three  db  over  one  single  antenna. 


Over  a period  of  two  and  one-half 
years  more  than  1,000  different  an- 
tenna arrays  have  been  measured 
using  this  technique,  from  single 


half-wave  dipoles  to  arrays  of  six- 
teen elements.  During  this  period 
the  chart  has  been  accurate  arid 
satisfactory. 


Wide-Band  Amplifier  for  Central  Antenna 

Installations 

By  J.  B.  CRAWLEY 


Additional  amplification  is 
needed  in  central  antenna  locations 
such  as  display  areas  of  radio  stores 
and  final  test  areas  in  radio-receiver 
production  to  overcome  the  inherent 
high  noise  level  produced  by  street- 
car lines,  neon  signs  and  fluorescent 
lighting  systems.  Signal  strength 
of  the  desired  station  may  also  be 
weak  because  of  steel  building 
structures  which  decrease  signal-to- 
noise  ratio. 

This  problem  has  been  magnified 
in  recent  years  because  of  the  in- 
creased use  of  built-in  loop  anten- 
nas in  radios.  Connecting  an  out- 
side antenna  might  work  in  some 
cases  but  in  others  would  offer  little 
improvement. 

The  circuit  shown  in  Fig.  1 was 
designed  to  solve  this  interference 
problem.  The  system  consists  of  an 
antenna  installed  as  far  away  from 
the  noise  field  as  possible.  It  may 
be  a noise-rejecting  doublet  type  or 
preferably  the  straight-wire  type 
because  most  noise  is  horizontally 
polarized  in  contrast  to  the  broad- 
cast signal  which  is  vertically 
polarized. 

Coil  construction  details  for  the 
circuit  are  as  follows : Li  secondary 
is  made  up  of  255  turns  on  1-in. 
form  in  a 2-in.  winding  space,  the 
primary  is  20  turns  center  tapped ; 
La  and  La'  are  made  up  of  213  turns 
of  No.  38  enameled  wire  on  a 1-watt 
500,000-ohm  resistor  and  La  is  made 
up  of  92  turns  on  i-in.  form  in  a 
li-in.  winding  space  with  the  tap 


FIG.  1 — Circuit  of  wide-bond  omplilfier 
with  noise-rejecting  doublet  antenna 
(A),  oltemate  lead-in  for  stroight-wire 
ontenna  (B)  and  amplifier  power  sup- 
ply id 

37  turns  from  ground. 

The  system  has  a balanced  lead- 
in  and  an  input  transformer  to  the 
amplifier  with  a Faraday  shield  be- 
tween primary  and  secondary.  The 
amplifier  itself  is  a two-stage  high- 
gain  broad-band  amplifier  followed 
by  a cathode-follower  stage. 

Circuit 

Design  of  the  amplifier  section  is 
similar  to  the  front  end  of  many 
broadcast  sets  employing  untuned 
r-f  stages.  A 6AC7  is  used  in  the 
first  stage  to  provide  high  gain. 
The  second  stage  is  a 6SK7  or  simi- 
lar remote-cutoff  type.  Remote 
cutoff  is  necessary  because  the  gain 
control  is  incorporated  in  the  sec- 
ond stage  and  a sharp-cutoff  tube 


might  show  nonlinearity  with  a re- 
sultant garbling  of  signals. 

The  amplifier  is  designed  to  cut 
off  slightly  above  the  broadcast 
band.  By  changing  the  values  of 
the  plate  resistors  and  the  peaking 
coils,  shortwave  coverage  may  be 
obtained.  However  the  over-all 
gain  of  the  amplifier  would  be  less. 

To  couple  the  amplifier  output  to 
the  loop  antenna  of  the  receiver  or 
receivers  without  a physical  con- 
nection, a low-impedance  output 
loop  is  used.  This  stage  is  matched 
by  a 6SJ7  operated  as  a cathode 
follower  fed  to  a single-turn  loop. 

The  output  loop  may  consist  of 
any  reasonable  length  of  wire  run- 
ning under  a shelf  or  table  near 
the  sets  to  be  operated.  It  acts  as 
the  primary  of  a coil  which  induc- 
tively couples  the  signal  into  the 
secondary  or  loop  of  the  receivers. 

Care  must  be  taken  to  prevent  re- 
generation by  keeping  the  input 
and  output  wires  of  the  amplifier 
from  running  side  by  side.  A wave 
trap  may  be  installed  if  a strong 
local  station  should  tend  to  overload 
the  amplifier. 

Tests  made  on  a five-tube  Senti- 
nel radio  showed  that  with  the 
volume  control  set  at  normal  it  was 
possible  to  receive  six  stations 
fairly  well  and  four  others  were 
barely  audible.  Turning  on  the 
amplifier  allowed  the  same  set  to 
receive  a total  of  18  stations  with- 
out noise. 
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VHF  Dummy  Antennas 

Three  dumiiiy  loads  for  transmitter  powers  ranging  from  25  to  5,000  watts  and  frequencies 
up  to  160  megacycles  are  easily  constructed.  Voltage  standing  wave  ratios  are  well  under 

1:1.5  for  all  types  described 

By  B.  E.  PARKER 


The  increasing  number  of  vhf 
stations  has  accented  the  need 
for  revision  of  test  techniques  and 
equipment  designed  for  operation 
on  the  lower  frequencies. 

At  100  megacycles,  a load  used  as 
a dummy  antenna  on  the  low  fre- 
quencies may  have  a reactance  sev- 
eral times  its  d-c  resistance,  with 
consequent  introduction  of  a high 
standing-wave  ratio.  Standing- 
wave  ratios  which  do  not  exceed  a 
ratio  of  1:1.5  are  generally  consid- 
ered acceptable  in  the  industry  and 
the  three  dummy  antennas  illus- 
trated meet  this  requirement. 

The  25-watt  unit  shown  in  Fig.  1 
handles  25  watts  up  to  160  me  with 
a standing-wave  ratio  under  1:1.3 
when  properly  adjusted. 

The  1,000-watt  unit.  Fig.  2, 
handles  slightly  over  1,000  watts  at 
any  frequency  in  the  f-m  broadcast 
band  with  a standing-wave  ratio 
which  does  not  exceed  1:1.3  after 
the  initial  adjustment.  With  reas- 
onable care  in  building  and  adjust- 
ment it  may  be  adjusted  to  give  a 
standing- wave  ratio  under  1:1.1  at 
any  given  frequency  in  the  f-m 
band. 

The  5,000-watt  unit  is  illustrated 
in  Fig.  3.  It  presents  a nonreactive 
resistive  load  well  beyond  160  me. 
Standing-wave  ratios  under  1:1.1 
will  be  obtained  up  to  160  me  with- 
out any  kind  of  adjustment.  This  is 
a marked  ^advantage  in  laboratory 
applications  and  in  factories  for 
testing  high-power  transmitters. 

Each  of  the  dummy  loads  de- 
scribed has  been  used  by  the  final 
test  engineers  in  our  f-m  depart- 
ment. For  10-watt  f-m  campus 
transmitters  and  communications 
transmitters,  the  25-watt  load  has 


FIG.  1 — Low-power  dummy  antenna  con- 
sists of  a debased  32-volt  bulb  and  a 
variable  capacitor 


proven  popular,  due  largely  to  com- 
pactness and  ease  in  connecting  to 
the  transmitter  under  test. 

25-Watt  Load 

The  only  parts  required  for  con- 
struction of  the  25-watt  dummy  load 
are  a 25-watt,  32-volt  light  bulb,  an 
Amphenol  type  83-lSP  plug,  and  a 
Hammarlund  type  APC25,  25-ixfif 
capacitor.  The  32-volt  light  bulb 
is  of  the  popular  rural-lighting- 
system  type  and  is  readily  available 
from  electrical  supply  houses  in 
most  localities. 

The  base  of  the  bulb  must  be  re- 
moved. A hacksaw,  a soldering  iron 
and  a pair  of  diagonal  cutters  will 


do  the  job  nicely  without  breaking 
off  the  two  wires.  One  side  of  the 
bulb  is  soldered  directly  to  the 
center  conductor  of  the  plug.  The 
capacitor  is  soldered  in  series  with 
the  plug  shell  and  the  remaining 
bulb  wire.  The  rotor  connection 
of  the  capacitor  should  connect  to 
the  shell.  The  25-watt  dummy  load 
shown  in  Fig.  1 has  a one-inch 
length  of  polyethylene  dielectric 
pushed  over  the  center  lead  to  make 
the  bulb  self-supporting.  The  poly- 
ethylene was  obtained  from  a piece 
of  RG8/U  coaxial  cable. 

1,000-Watt  Load 

The  1,000-watt  dummy  load  has 
been  of  real  value  in  field-engi- 
neering use  and  should  prove  popu- 
lar because  of  its  portability  to  sta- 
tions that  experience  difficulty  in 
the  transmission  system  from  the 
transmitter  up  to  and  including  the 
antenna.  When  excessive  standing- 
wave  ratios  are  experienced  in  the 
transmission-line  system,  the  trans- 
mission line  may  be  pulled  apart 
and  terminated  with  the  dummy, 
thus  isolating  the  difficulty  to  the 
antenna,  isolating  unit,  or  section 
of  coax  causing  the  difficulty. 

While  the  dissipation  or  power- 
handling capabilities  of  this  partic- 
ular dummy  load  is  limited  to  a 
little  over  1,000  watts,  this  does  not 
limit  its  uses  to  stations  of  1,000 
watts  or  less.  Most  3-kw  f-m  trans- 
mitters can  be  reduced  in  power  to 
a kilowatt  by  means  of  transformer 
taps  for  the  isolation  procedure. 

To  make  the  1,000  watt  dummy 
load,  ten  100-watt,  120-volt  Sylvania 
light  bulbs  are  connected  in  parallel 
by  means  of  three  twelve-inch 
lengths  of  No.  8 or  No.  10  tinned 
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FIG.  2 — Ten  100-watt  bulbs  and  a variable 
capacitor  form  the  1,000-watt  load 

copper  bus  wire.  The  bulb  shells 
are  all  soldered  to  the  middle  length, 
with  five  on  each  side.  The  second 
length  of  bus  is  laid  across  the  bulb 
center-contact  point  of  one  row  of 
bulbs  and  soldered,  joining  the  five 
bulbs  together.  The  remaining 
length  of  bus  is  laid  across  the 
center  contacts  of  the  other  row 
of  bulbs  and  likewise  soldered. 

The  two  outer  rows  of  bus  are 
joined  by  a short  length  of  copper 
strap  at  least  i inch  wide.  This 
copper  strap  serves  as  the  connec- 
tion point  for  the  inner  conductor 
of  the  coax.  A Cardwell  variable 
capacitor  is  connected,  by  means  of 
a copper  strap,  in  series  with  the 
shells  of  the  bulbs  and  the  outer 
conductor  of  the  coax.  It  is  para- 
mount that  connections  be  kept 
short. 

The  1,000-watt  dummy  shown  in 
Fig.  2 has  a ten-foot  length  of 
RG8/U  coax  with  various  adapters 
attached  to  assist  in  connecting  to 
different  types  of  fittings. 

5,000-Watt  Load 

The  materials  for  the  5,000-watt 
unit  are  an  IRC  type  LP  51.5-ohm 
dummy  resistor  unit  and  a short 
length  (approximately  14  inches) 
of  3J-inch  coaxial  cable  with  end 
flange  attached.  Cooling  is  done 
by  a filtered  water  flow  of  five  gal- 
lons per  minute.  A rubber  hose  for 
carrying  the  water  and  the  neces- 
sary hose  fittings  and  clamps  for 
attaching  it  to  the  dummy  and  the 
water  supply  are  also  required  as 


shown  in  Fig.  3. 

The  type  LP  resistor  slides  down 
into  the  3i-inch  coax  with  the 
flange  fingers  gripping  the  outer 
conductor.  The  lower  end  of  the 
resistance  element  is  attached  to 
the  inner  conductor  of  the  coax  by 
means  of  a 10-32  screw. 

The  hose  carrying  the  incoming 
filtered  water  is  connected  to  the 
resistor  fitting  marked  INLET.  The 
outgoing  heated  water  is  carried 
off  by  an  additional  length  of  hose 
to  the  plumbing  drainage  system. 


FIG.  3 — Complete  5.000-watt  dummy  an- 
tenna is  shown  at  left.  The  resistive 
element  is  at  right 


A fine-screen  wire  filter  unit  may  be 
obtained  from  a plumbing  supply 
house  for  insertion  in  the  intake 
line.  The  filter  prevents  abrasive 
material,  practically  always  present 
in  water  mains,  from  wearing  away 
the  thin  carbon  film  constituting 
the  resistive  element.  Cost  of  the 
element  is  around  $70  and  the  com- 
pleted dummy  should  be  under  $100. 

This  type  dummy  load  may  be 
increased  to  10  kw  by  using  a 3- 
inch  T plumbing  fitting  and  paral- 
leling two  103-ohm  type  LP  units. 

Bulb  Loads 

It  would  appear  that  the  number 
of  bulbs  could  be  reduced  by  using 
bulbs  of  greater  wattage  but  this 


has  not  been  found  practical.  The 
larger-wattage  bulbs  develop  hot 
spots  on  the  filament,  destroying  it 
before  it  can  be  brought  up  to  bril- 
liance. Also,  a type  of  fluorescence 
occurs,  often  accompanied  by  in- 
ternal arcing. 


)h 

c* 

(B) 


riG.  4 — Basic  representation  ol  A,  L and 
C is  shown  at  A.  Complexities  created 
by  bulb  shell  and  mount  are  shown  at  B 

The  d-c  resistance  of  the  bulbs 
when  paralleled  and  operating  at 
full  brilliance  figures  out  to  be  14.4 
ohms.  This  is  far  from  the  51.5 
ohms  desired.  Apparently  the  act- 
ual resistance  is  raised  to  51.5  ohms 
at  vhf  due  to  the  predominance  of 
skin  effect. 

Figure  4A  is  an  over-simplified 
schematic  representation  of  the 
complex  inductance,  capacitance  and 
resistance  present  in  bulb-type 
dummy  loads.  Resistance  repre- 
sents the  51.5-ohm  resistance  in 
which  we  are  primarily  interested; 
Li  represents  the  series  inductance 
due  to  the  filament  structure  and 
length;  Ci  is  the  external  capaci- 
tance added  to  series-resonate  Li  to 
the  operating  frequency  and  make 
the  load  appear  purely  resistive. 

In  practice,  the  complex  react- 
ances are  more  nearly  represented 
by  Fig.  4B.  Capacitance  C*  repre- 
sents the  shell  and  lead  capacitance 
in  the  base  of  the  bulb;  R2  repre- 
sents the  insulating  material  used 
in  the  base  of  the  bulb  as  well  as 
the  losses  of  the  glass  filament-sup- 
porting  structure  due  to  the  high 
lead  content  used  in  the  glass;  La 
represents  the  inherent  inductance 
present  in  even  the  short  external 
lead  lengths  used  as  connections  as 
well  as  unavoidable  inductance 
present  in  the  capacitor  construc- 
tion. 
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Audio  Amplifier  Damping 


The  meaning  and  measurement  of  the  damping  factor  in  audio  amplifiers  are  shown,  using 
the  Williamson  circuit  as  an  example.  By  means  of  feedback  the  amplifier  output 
impedance  can  be  controlled  so  as  to  damp  out  oscillations  generated  in  the  load 


The  growing  interest  in  tran- 
sient response  of  electroacous- 
tical  systems  necessitates  increased 
attention  to  the  means  of  control- 
ling amplifier  output  impedance. 
However,  a more  convenient  con- 
cept is  the  damping  factor,  D, 
which  is  defined  as  the  ratio  of  the 
load  impedance,  Ri,  to  the  effective 
generator  impedance,  Z„.  It  will  be 
shown  how  the  damping  factor  can 
be  controlled  through  the  use  of 
feedback. 

If  an  impedance-matching  device, 
such  as  a transformer,  is  placed  be- 
tween the  two  impedances,  the  ratio 
is  that  obtained  with  both  imped- 
ances referred  to  the  same  side  of 
the  transformer  as  shown  in  Fig.  1. 
Except  where  stated  otherwise,  the 
output  impedance  and  load  imped- 
ance are  assumed  to  be  resistive. 

The  term  damping  factor  has 
been  applied  to  this  ratio  because  it 
is  indicative  of  the  effectiveness  of 
the  generator  in  damping  oscilla- 
tions generated  by  the  load.  Since 
it  is  expressed  as  a ratio,  it  will  be 
the  same  for  any  output  tap  on  a 
transformer  and  is  therefore  a 
more  convenient  characteristic  to 
use  than  the  effective  output  im- 
pedance itself. 

The  output  impedance  of  an 
amplifier  will  be  considered  to  be 
the  ratio  of  voltage  E to  current  i 
obtained  when  the  input  is  short 
circuited  and  the  voltage  E is 
applied  to  the  output  terminals  as 
shown  in  Fig.  2. 
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The  damping  factor  may  be  var- 
ied by  changing  either  Ri  or  Z,. 
Since  it  is  usually  desired  to  obtain 
a given  power  output  from  a given 
tube,  it  is  not  practical  to  change 
the  load  impedance.  A method  that 
will  change  the  effective  output  im- 
pedance of  the  amplifier,  but  will 
leave  the  load  unchanged  is  to  apply 
feedback  so  that  the  output  stage  is 
included  in  the  loop. 

Damping  by  Feedback 

Figure  3 shows  a basic  one-stage 
feedback  diagram,  with  polarities 
not  indicated  to  make  the  diagram 
general.  It  will  be  noted  that  this 


FIG.  1 — Damping  factor  ratio  is  that 
with  both  impedances  referred  to  same 
side  of  transformer 


FIG.  2 — Conditions  under  which  ampli- 
fier output  impedance  equals  E/i 


is  the  so-called  voltage  type  of  feed- 
back. If  the  polarities  are  such  as 
to  make  ^E  oppose  ei„  (assuming 


the  latter  no  longer  zero)  the  feed- 
back is  negative.  For  this  condition 
P is  considered  negative,  and  the 
resultant  output  impedance  is  less 
than  that  without  feedback.  If  the 
feedback  is  positive  the  output  im- 
pedance is  increased.  It  may  be 
shown  that  negative-current  feed- 
back increases  the  output  imped- 
ance, while  positive-current  feed- 
back reduces  it. 

It  is  important  that  the  definition 
of  the  original  output  impedance  be 
clearly  understood.  If  the  output 
impedance  without  feedback  is  the 
plate  resistance  alone  (as  in  Fig.  3) 
then  this  output  impedance  is 
changed  by  the  factor  1/(1  — 3m), 
which  is  not  the  same  factor  by 
which  the  gain  of  the  stage  is 
changed.  If  the  output  impedance 
without  feedback  is  the  plate  resist- 
ance of  the  tube  in  parallel  with  the 
load  resistance,  then  the  output  im- 
pedance is  changed  by  the  factor 
1/(1  — 3A),  where  K is  the  stage 
gain,  when  feedback  is  applied.  This 
is  the  same  factor  by  which  the 
gain  is  changed.  Such  a condition 
would  be  encountered  seldom,  if 
ever,  in  a loudspeaker  output  stage, 
but  might  arise  in  connection  with 
an  R-C  shunt-fed  transformer 
stage.  This  difference  in  definition 
may  lead  to  misunderstanding  when 
different  source  texts  of  feedback 
amplifier  design  are  consulted,  un- 
less the  distinctions  are  clearly 
understood  beforehand.  In  this 
article,  the  discussion  is  confined 
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to  the  output  stage,  with  the  output 
impedance  without  feedback  being 
defined  as  the  plate  resistance  of 
the  output  tube  in  every  case. 

Most  practical  amplifier  circuits 
generally  comprise  more  than  one 
stage.  In  a multistage  amplifier  it 
is  usually  preferable  to  enclose  more 
than  the  final  stage  in  the  feedback 
loop,  .Mnce  this,  among  other  things, 
avoids  the  requirement  of  large 
driving  voltages  for  the  final  stage. 
For  these  conditions  the  feedback 
diagram  is  as  shown  in  Fig.  4. 

Multistage  Feedback  Effects 

The  results  are  almost  identical 
to  those  of  Fig.  3,  with  the  excep- 
tion that  the  gain  K of  the  inter- 
vening stages  appears  in  the  factor 
to  increase  the  effects  of  the  feed- 
back for  a given  m and  3. 

The  final  equation  shown  in  Fig. 
4 is  that  generally  found  in  text- 
books for  output  impedance  of  mul- 
tistage feedback  amplifiers.  In  this 
form  it  is  not  particularly  conven- 
ient to  use  for  calculation,  since  it 
requires  a knowledge  of  the  gain  of 
the  intervening  stages. 

A simpler,  and  more  convenient 
equation  may  be  derived  as  follows. 
The  damping  factor  without  feed- 
back is 


The  damping  factor  with  feed- 
back is 


^ _ Ri_  

Z.  " r,/a-PKp^/) 

= Z).  (1  - pK^f) 

The  gain  of  the  final  stage  is 


(2) 


rr 

Solving  for  fif 

Substituting  in  Eq.  2 


Df  = Z)„  [l  - fiKKf  (l  + (3) 


The  amount  by  which  the  gain  is 
reduced  is 


That  is,  if  1 — 3^.  = 2,  the  gain 
is  reduced  by  2.  Letting  this  gain 
reduction  factor  = F,  we  have 

Df  = dAF- a-  F)  (l/D,)] 

Df  = F (Do + 1)-1  (4) 

Note  that  in  this  final  form  it  is 


FIG.  3 — Output  impedcDice  without  feed- 
back is  represented  by  plate  resistance 
alone  in  figure  above  and  in  text 




K 
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FIG.  4 — Conventional  concept  leading 
to  Eq.  1 above  is  based  on  premises 
illustrated.  Equation  4 (see  text)  is  more 
convenient  form 

not  necessary  to  know  the  actual 
gain  of  any  of  the  stages,  or  the 
feedback  ratio,  but  only  the  gain 
reduction  and  the  original  damping 
factor. 

For  example,  it  is  desired  to  com- 
pute the  damping  factor  obtained  in 


a push-pull  6L6  amplifier  when  20  db 
of  negative  voltage  feedback  is 
employed. 

F = 10 
Ri  = 5,000 

r,  (two  tubes)  = 45,000 
Do  = 5,000/45,000 
Df  = 10  (0.111  4- 1)  - 1 = 10.11 
For  a push-pull  2A3  amplifier 
with  the  same  load  and  the  same 
gain-reduction  factor 

Tp  (2  tubes)  = 1 , 600 
Do  = 5,000/1,600  = 3.12 
Df  = 10  (3.12+  1)  - 1 = 40.2 
These  results  show  the  tremen- 
dous changes  in  output  impedance 
produced  by  feedback,  especially 
for  beam-power  tubes.  Without 
feedback  the  damping  factor  of  the 
triode  amplifier  is  some  27  times 
that  of  the  beam-power  tubes.  With 
the  same  amount  of  feedback  ap- 
plied to  each,  the  damping  factor  of 
the  triodes  is  approximately  4 times 
that  of  the  beam-power  tubes.  Or 
looking  at  it  from  another  point  of 
view,  the  same  amount  of  feedback 
produces  a 13-fold  change  for  the 
triodes,  but  a 90-fold  change  for  the 
beam  power  tubes. 

Equation  4 has  been  used  to  ob- 
tain the  graph  of  Fig.  5.  In  this 
graph  the  two  curves  show  changes 
in  damping  factor  with  feedback 
for  typical  beam-power  tubes  and 
typical  power  triodes.  From  this  it 
may  be  seen  that  approximately  12 
db  of  feedback  is  required  to  make 


1 - pKKf  = 1-  fiKo 
where  Ko  is  total  gain 


FIG.  5 — Curves  show  changes  in  damping  factor  with  feedback  for  typicol  beam- 
power  ond  power-triode  tubes.  Note  superiority  of  triodes 
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the  damping  factor  of  a beam-power 
tube  equal  to  that  of  a triode  with- 
out feedback.  It  is  also  evident 
that  the  same  amount  of  feedback 
will  always  give  a greater  damping 
factor  in  a triode  amplifier  than  in 
a beam-power  amplifier,  since  the 
original  damping  factor  of  the  tri- 
ode amplifier  is  greater. 

These  curves  may  be  used  in 
several  ways,  although  Eq.  4 is  so 
simple  that  it  may  be  used  almost 
as  readily,  especially  if  the  follow- 
ing simplifications  are  made. 

The  initial  damping  factor  for 
most  beam-power  tubes  is  approxi- 
mately 0.1,  while  it  is  approximately 
3 for  most  triodes.  Using  these 
values  the  following  approximate 
equations,  quite  suitable  for  design 
purposes,  are  obtained: 

For  beam  power  tubes 
Df=F -I  (4B) 

For  triodes 

Z>/  = 4F  - 1 (4C) 

Both  these  equations  are  reason- 
ably accurate  when  F is  equal  to  or 
greater  than  2 (6-db  feedback).  For 
less  feedback,  Rq.  4 should  be  used 
for  beam  power  tubes,  while  Eq.  4C 
is  still  applicable  for  triodes. 

Similar  relations  may  be  derived 
for  current  feedback,  but  since  this 
type  is  relatively  little  used  over 
the  output  stage,  they  will  not  be 
derived  here. 


factor  by  moons  of  no>load  and  rated- 
load  output  Toltage  shown  in  bottom 
aquation 
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FIG.  7 — Simplified  method  of  obtaining 
domping  foctor  by  measurement  ocross 
series  resistor  equal  to  secondary  wind- 
ing 


FEEDBACK 
IFROM  PRIMARY 


FEEDBACK 
FROM  SECONDARY 


SECONDARY  <"*^1 


EQUIVALENT  CIRCUIT  OF  OUTPUT  TRANSFORMER 
REDUCED  TO  IWITY  TURNS  RATIO 

R,-PRI  WINDING  R *-1,  -PRI  LEAKAGE  IND 
Rj-SEC  WINDING  R Lj^ -SEC  LEAKAGE  IND 


FIG.  8 — Unfits  of  the  domping  foctor 
wifii  feedbock  obtoiaed  from  one  of  two 
points.  See  text  for  discussion 


Measurement 

The  measurement  of  the  damping 
factor  is  generally  done  indirectly, 
that  is,  it  is  usually  the  practice  to 
measure  output  voltages  under  dif- 
fering load  conditions,  and  to  calcu- 
late the  damping  factor  from  the 
results.  However,  it  is  equally  easy, 
and  often  more  accurate,  to  meas- 
ure it  by  other  methods,  which  are 
also  described  below. 

The  first  method  often  consists  of 
measuring  the  output  voltage  with 
no  load  and  with  rated  load,  and 
then  calculating  D as  shown  in  Fig. 
6.  This  method  is  satisfactory  for 
amplifiers  with  low  values  of  D, 
such  as  pentode  or  beam-power 
amplifiers  with  little  or  no  feedback. 


FIG.  9 — ^Effective  iatntnal  impedoncB  of 
intennodloto  stago  is  roducod  by  food- 
back  tokon  from  succoodlng  stago 

When  the  internal  impedance  is  low, 
as  in  highly  degenerative  ampli- 
fiers, however,  there  is  very  little 
difference  between  and  Coc-  Since 
the  difference  of  these  two  terms 
appears  in  the  denominator,  it  is 
possible,  when  they  are  almost 
equal,  for  an  error  of  a few  percent 


in  either  of  these  terms  to  produce 
an  error  of  several  hundred  percent 
in  the  answer. 

A more  accurate  procedure  is  to 
use  a low-impedance-type  a-c 
bridge.  For  such  measurements  the 
signal-input  terminals  of  the  ampli- 
fier are  short-circuited,  the  output 
terminals  are  connected  to  the  un- 
known impedance  terminals  of  the 
bridge,  and  the  bridge  balanced  as 
in  normal  measurements. 

An  even  simpler  method,  and  one 
quite  accurate  for  damping  factors 
as  high  as  50  or  more  is  shown  in 
Fig.  7.  The  input  terminals  of  the 
amplifier  are  short-circuited  and  the 
output  terminals  are  connected  to 
a generator  E in  series  with  a re- 
sistance R,,  which  is  the  rated  value 
of  the  secondary  winding  of  the 
output  transformer.  The  damping 
factor  is  then  equal  to  the  ratio  of 
the  voltage  drops  across  Ri  and 
across  the  secondary  winding  re- 
spectively. The  generator  E may 
conveniently  be  the  6.3-volt  filament 
winding  of  a power  transformer.  In 
a highly  degenerative  amplifier  al- 
most all  the  voltage  drop  will  be 
across  Rr,  consequently,  it  must  be 
fairly  high  power  rating. 

When  E is  6.3  v a rating  of  10 
watts  will  be  adequate  for  almost 
all  situations. 

Two  points  of  interest  concern- 
ing damping  factor  may  be  pointed 
out  in  passing.  First,  it  can  be 
seen  from  Fig.  8 that  when  the 
feedback  is  taken  from  the  primary 
of  the  output  transformer  (ter- 
minals 1 and  2) , the  damping  factor 
approaches  Ri/R»  as  a limit,  where 
R^  is  the  total  winding  resistance 
of  the  transformer  referred  to  the 
same  side  to  which  Ri  is  referred. 
When  the  feedback  is  taken  from 
the  secondary  terminals  (3  and  4) , 
however,  this  limit  does  not  exist, 
and  D can  theoretically  approach 
infinity. 

Internal  Impedance 

Second,  it  is  demonstrated  below 
by  reference  to  Fig.  9 that  the 
effective  internal  impedance  of  a 
stage  inside  the  feedback  loop  is 
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also  reduced  by  negative  feedback 
taken  from  a succeeding  stage. 

ein  = Peo2  + C/CGl 
6x01=  — ^Ot 
Cos  ~ ^2  E 
E 111  exGi  = i Zg 
E m { — /Seoa)  = i Zg 
E fii  { — K2  E)  = i Zg 

E ^ _ y 

i ~ I- ^,xiKx 

This  shows,  for  example,  that 
overall  feedback  from  the  final 
stage  of  a class-B  modulator  will 
reduce  the  output  impedance  of  tHe 
driver  stage  as  well,  thereby  con- 


tributing to  reduced  distortion  by 
virtue  of  this  action  as  well  as 
by  its  normal  distortion-reducing 
action. 

Practical  Applications 

Although  feedback  can  increase 
the  initial  damping  factor  to  a high 
degree,  the  values  realized  in  prac- 
tice are  somewhat  less  than  theory 
indicates.  The  large  damping  fac- 
tors that  can  be  achieved  in  practical 
design,  however,  are  well  exempli- 
fied in  the  20-watt  wide-range,  feed- 
back amplifier  shown  in  Fig.  10. 
This  is  the  commercial  type  W-20 


Williamson  amplifier,  in  which  20 
db  of  negative  feedback  is  taken 
over  four  stages  and  the  output 
transformer.  The  damping  factor 
of  this  amplifier  without  feedback, 

measured  by  the  method  of  Fig.  7, 
is  2 at  50  cycles  (a  common  value  of 
resonant  frequency  for  high-quality 

low-frequency  type  loudspeakers). 
When  20  db  of  negative  feedback  is 

applied  the  damping  factor  is  in- 
creased to  27,  which  is  only  slightly 
less  than  the  theoretical  value  of  29 
based  upon  the  initial  measured 
value  of  Do. 


Simplified  Intercarrier  Sound 


Reduction  in  number  of  tubes  and  tuned  circuits  is  provided  by  application  of  the  gated 
beam  6BN6  to  the  intercarrier  sound  system  of  a receiver.  Suppression  of  a-m  compares 
favorably  with  other  f-m  detectors  as  does  suppression  of  ignition  interference 


INTERCARRIER  SOUND  claims  a few 
advantages  over  the  conven- 
tional system  in  the  overall  opera- 
tion of  the  receiver  as  well  as  in  the 
initial  design. 

The  most  important  benefit  of 
the  system  is  the  oscillator  stability 
requirement.  The  sound  subcarrier 
is  dependent  only  upon  the  beat  be- 


By  WALTER  J.  STROH 

tween  the  sound  and  picture  carri- 
ers and  not  the  local  oscillator  fre- 
quency, excessive  drift  of  which 
cannot  be  tolerated  in  the  conven- 
tional system.  The  trend  toward 
the  use  of  40-mc  i-f  makes  inter- 
carrier  sound  extremely  attractive 
since  4.5-mc  is  far  easier  to  handle 
than  40-mc,  especially  in  the  design 


of  the  discriminator  or  ratio  de- 
tector transformers. 

Keen  competition  in  the  manu- 
facture of  television  receivers  de- 
mands the  utmost  in  economy  and 
simplicity.  With  the  development 
of  the  6BN6  gated  beam  tube  by 
Robert  Adler^  of  Zenith  and  its  sub- 
sequent mass  production  by  the 
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General  Electric  Company,  an  in- 
tercarrier sound  system  embodying 
increased  simplicity  and  economy 
can  be  realized. 

In  the  typical  intercarrier  re- 
ceiver, the  sound  and  picture  carri- 
ers are  amplified  in  a common  i-f 
amplifier.  The  4.5-mc  beatnote  be- 
tween and  sound  and  picture  car- 
riers is  detected  at  the  second  de- 
tector and  usually  amplified,  either 
in  the  video  stages  or  separately, 
before  it  is  separated  and  fed  into 
an  f-m  detector.  Since  the  fre- 
quency of  the  beatnote  varies  di- 
rectly as  the  sound  carrier,  the  out- 
put of  the  f-m  detector  contains  the 
audio  modulation  of  the  sound  car- 
rier. The  audio  signal  is  then  fed 
to  a conventional  audio  amplifier 
system. 

The  biggest  design  problem  is  to 
minimize  the  incidental  amplitude 
modulation  of  the  4.5-mc  beatnote. 
This  problem  arises  because  even 
the  best  f-m  detector  circuits  do  not 
suppress  a-m  entirely.  The  most 
important  step  in  this  direction  was 
taught  by  L.  W.  Parker®  and  R.  B. 
Dome®.  Through  the  video  i-f  chan- 
nel the  bandpass  must  be  shaped  so 
that  the  level  of  the  sound  carrier 
is  approximately  20  db  below  the 
peak  picture  carrier  level  at  the 
second  detector. 

A video  i-f  bandpass  character- 
istic to  accomplish  this  desired 
sound-to-picture  ratio  is  shown  in 
Fig.  1.  The  6-db  bandwidth  is  about 


FIG.  1 — Required  overall  response  of 
video  i-f  stages 


3 me.  It  would  be  desirable  to  have 
a narrow  shelf  in  the  i-f  bandpass 
at  the  sound  carrier  so  that  no  slope 
detection  of  the  sound  carrier  would 
occur.  This  is  indicated  by  the 


dashed-line  curve.  The  shelf  costs 
an  extra  tuned  circuit,  however, 
and  it  has  been  found  unnecessary 
if  the  slope  of  the  i-f  curve  is  not 
too  steep. 

If  the  sound  carrier  level  is  6 db 
below  the  minimum  picture  carrier 
level,  the  amplitude  of  the  beatnote 
in  a linear  detector  is  substantially 
unaffected  by  picture  carrier  ampli- 
tude. However,  at  low  levels  where 
the  detector  is  operating  according 
to  a square  law,  the  beatnote  ampli- 
tude varies  greatly  with  sync  and 
video  modulation.  Therefore,  it  is 
desirable  to  operate  the  detector  at 
a high  enough  level  so  that  detec- 
tion is  substantially  linear.  The 
detector  output  level  varies  from 
approximately  1.5  to  5 volts  be- 
tween various  makes  of  receivers, 
assuming  a signal  strong  enough  to 
produce  a picture  of  reasonable  en- 
tertainment value.  For  marginal 
and  submarginal  reception,  the  de- 
tector level  is  frequently  only  a 
fraction  of  one  volt. 

Obtaining  the  proper  sound-to- 
picture  carrier  ratio  at  the  second 
detector  is  just  the  starting  point 
in  reducing  the  amplitude  modula- 
tion. Any  nonlinear  amplification 
or  overload  in  the  i-f  stages  or  in 
the  video  stage  will  introduce  an 
a-m  component  on  the  4.5-mc  beat- 
note.  In  the  video  i-f  chain,  the 
last  stage  is  most  likely  to  overload. 
When  overload  occurs,  the  gain  of 
the  sound  carrier  varies  with  video 
modulation.  To  reduce  overload 


possibilities,  the  last  transformer  in 
a stagger-tuned  i-f  system  should 
be  tuned  to  the  picture  carrier  side, 
and  all  the  damping  of  the  stage 
should  be  produced  by  the  diode. 
In  so  doing,  the  grid  swing  required 
of  the  last  i-f  is  minimized. 

Another  place  for  incidental 
amplitude  modulation  to  occur  is  in 
the  video  amplifier  stage.  The  video 
amplifier  is  a high-level  amplifier 
and  must  operate  with  a large  grid 
swing.  The  transconductance  of 
the  stage  as  a 4.5-mc  amplifier  will 
vary  with  video  and  sync  modula- 
tion, especially  when  the  grid  is 
driven  hard.  This  variation  causes 
amplitude  modulation  of  the  4.5-mc 
beatnote. 

If  the  envelope  of  the  4.5-mc  sig- 
nal is  observed,  one  would  notice 
that  indentations  in  the  4.5-mc  en- 
velope occur  during  the  vertical 
sync  pulse  periods.  The  shape  of 
the  indentation  would  look  exactly 
like  the  vertical  blank  and  sync 
pulse. 

The  depth  of  the  indentation  or 
the  percentage  of  downward  modu- 
lation;is  determined  by  the  degree 
of  transconductance  change  of  the 
video  amplifier  as  the  sync  pulse 
drives  the  grid  toward  cutoff.  For 
example,  in  some  intercarrier  re- 
ceivers a gaspy  buzz  is  produced  in 
the  sound  when  the  contrast  control 
is  advanced.  In  these  receivers  the 
contrast  control  is  located  ahead  of 
the  grid  of  the  video  amplifier  and 
overload  of  the  amplifier  has 


FIG.  2 — Circuit  most  often  used  for  intercarrier  sound  takes  4.5-mc  beat  at  plate  of 

video  amplifier 
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FIG.  3 — Alternative  circuit  takes  beat  at  video  detector,  requires  additional  amplifier 


occurred  as  a result  of  being  over- 
driven. 

Intercarrier  Buzz 

Even  though  all  the  proper  pre- 
cautions to  minimize  amplitude 
modulation  of  the  4.5-mc  beatnote 
have  been  taken  in  the  design  of  the 
intercarrier  receiver,  it  is  subject 
to  buzzy  sound  due  to  transmitter 
operation.  If  a transmitter  is  100- 
percent  modulated  during  the  white 
portions  of  the  picture,  there  will  be 
frequent  intervals  in  which  the 
picture  carrier  level  at  the  second 
detector  will  be  zero;  and,  hence, 
the  4.5-mc  beatnote  amplitude  drops 
to  zero.  The  result,  of  course,  is 
100-percent  amplitude  modulation 
of  the  4.5-mc  signal,  causing  what 
is  termed  intercarrier  buzz. 

With  a conventional  sound  sys- 
tem, 100-percent  modulation  of  the 
picture  transmitter  does  not  affect 
the  sound.  It  is  hoped  that  the 
broadcasters  will  soon  realize  that 
intercarrier  type  receivers  are  be- 
coming a substantial  portion  of  the 
total  number  of  sets  in  use,  and 
that  they  will  govern  their  opera- 
tion accordingly  by  limiting  the 
modulation  percentage  of  the  pic- 
ture carrier  to  85  or  90  percent. 

Figure  2 shows  the  schematic 
diagram  of  an  intercarrier  sound 
system  of  a typical  receiver. 

The  4.5-mc  beatnote  is  selected 
from  the  plate  of  the  video  stage  by 
a resonant  circuit  and  is  fed  to  a 
ratio  detector  driver  tube.  The 
amplified  signal  is  fed  into  a con- 


vential  ratio  detector  circuit  using 
a 6AL5.  The  audio  output  is  fed  to 
an  amplifier  stage  and  then  to  a 
power  output  stage  driving  the 
loudspeaker.  The  portion  of  the 
circuit  enclosed  by  the  dotted  line 
can  be  replaced  by  one  tube,  the 
6BN6,  and  two  single-tuned  circuits. 

The  circuit  of  Fig.  3 is  used  in  a 
few  commercial  receivers.  Here  the 
beatnote  is  taken  off  at  the  second 
detector.  The  4.5-mc  signal  is 
amplified  in  two  driver  stages  to 
make  up  for  the  gain  lost  by  not 
utilizing  the  video  amplifier. 

The  signal  is  demodulated  in  the 
conventional  ratio  detector  and  the 
audio  output  amplified  in  the  con- 
ventional manner.  Again  the  por- 
tion of  the  circuit  enclosed  by 
dotted  lines  can  be  replaced  by  a 
single  6BN6  tube. 

Figure  4 is  a block  diagram  of  an 
intercarrier  sound  system  utilizing 
a 6BN6  tube.  For  a tube  to  per- 
form in  this  circuit  arrangement,  it 
must  be  a good  limiter  with  a high 
limiting  sensitivity,  and  it  must  be 


an  f-m  detector  with  sufficiently 
high  audio  output  to  drive  a power 
stage  directly.  The  6BN6  gated 
beam  tube  fulfills  the  above  re- 
•quirements. 

The  schematic  of  Fig.  5 shows 
the  6BN6  in  an  in  ter  carrier  re- 
ceiver performing  the  functions  of 
a limiter  and  a discriminator. 

The  4.5-mc  beatnote  from  the 
plate  of  the  first  video  stage  is  se- 
lected by  a transformer  whose  pri- 
mary is  tuned  to  resonance  at  4.5 
me  and  whose  secondary  is  untuned 
and  closely  coupled  to  the  primary. 
The  first  video  stage  is  safe  to  util- 
ize as  an  extra  gain  stage  in  this 
circuit  because  it  is  operating  as  a 
linear  amplifier.  Also  the  maximum 
output  of  the  second  detector  is  lim- 
ited by  age  circuits  and  the  contrast 
control  is  located  in  the  second 
video  stage.  Therefore  the  pos- 
sibility of  the  first  video  being 
driven  into  an  overload  condition 
is  eliminated. 

The  4.5-mc  signal  is  coupled  to 
the  grid  of  the  triode  amplifier 
stage  through  a small  capacitor. 
This  triode  amplifier  is  not  neu- 
tralized and  is  highly  degenerative 
by  virtue  of  the  voltage  feedback 
ratio  determined  by  the  grid-plate 
capacitance  and  the  10-/i,/xf  coupling 
capacitor.  Its  gain  is  approxi- 
mately six.  In  the  plate  circuit  of 
the  triode  is  a single-tuned  step-up 
transformer  tuned  to  4.5  me.  The 
step-up  transformer  is  placed  in  the 
grid  circuit  so  that  the  grid  has 
a low  d-c  resistance  to  ground  as 
required  by  the  6BN6.  The  B4- 
choke  has  a high  impedance  at  4.5 
me. 

The  amplified  4.5-mc  signal  is  fed 


FIG.  4 — ^Block  diagram  of  intercairier  sound  system  using  the  6BN6  gated  beam  tube 
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to  the  limiter  grid  of  the  6BN6  at 
a level  of  approximately  6 volts  rms. 
The  exact  level  depends  upon  the 
output  from  the  detector,  the 
sound-to-picture  amplitude  ratio  of 
the  transmitted  signals,  the  attenu- 
ation of  the  sound  carrier  in  the  i-f 
amplifier  and  upon  the  gain  factor 
of  the  amplifier  stages. 

The  gain  required  in  the  ampli- 
fier stage  or  stages  between  the 
detector  and  the  limiter  grid  of 
the  6BN6  depends  not  only  upon 
these  factors  but  also  upon  the 
weakest  signal  or  minimum  detec- 
tor output  for  which  satisfactory 
sound  is  expected.  For  instance, 
assume  0.5  volt  for  this  minimum 
level.  With  the  sound  carrier  20 
db  farther  down,  it  has  an  ampli- 
tude, of  about  18  millivolts  rms ; to 
bring  this  up  to  the  limiting  level 
of  1 volt  rms  requires  a gain  of  55 
times  or  35  db. 

The  circuit  shown  in  Fig.  5 pro- 
vides a gain  of  43  to  46  db.  A 
number  of  circuit  arrangements  is 
possible.  Utilizing  the  video  stage 
should  be  done  with  caution,  guard- 
ing against  possible  downward 
modulation.  A single  pentode  ampli- 
fier stage  between  the  second  de- 
tector and  the  limiter  grid  might  be 
preferred  and  would  provide  suffi- 
cient gain. 

A-M  Suppression 

One  of  the  most  important  char- 
acteristics of  an  f-m  detector  is  its 


ability  to  suppress  amplitude  modu- 
lation. In  this  limiter-discrimina- 
tor circuit  using  the  6BN6  the 
audio  output  is  taken  directly  from 
the  anode  so  that  ampliture  modu- 
lation may  slip  through  as  a result 
of  spurious  plate-bend  detection. 
This  tendency  is  minimized  by 
careful  adjustment  of  the  limiter 
grid  bias. 

The  plate  current-grid  voltage 
curve  of  the  6BN6  resembles  a 
step-function  characteristic  having 
an  upper  and  lower  knee.  If  the 
grid  is  biased  too  highly  negative, 
plate-bend  detection  occurs  at  the 
lower  knee  and  the  average  plate 
current  tends  to  rise  with  increased 
signal.  If  the  grid  bias  is  not  nega- 
tive enough,  plate-bend  detection  of 
the  reverse  kind  occurs  at  the  upper 
knee  and  the  average  plate  current 
drops  with  increased  signal. 

There  is  an  optimum  grid  bias  at 
which  the  plate  current  will  stay 
constant  with  increased  signal. 
This  grid  bias  point  coincides  with 
best  a-m  rejection.  An  adjustable 
control  rather  than  a fixed  resistor 
is  placed  in  the  cathode  of  the 
6BN6  to  obtain  optimum  bias  be- 
cause of  tube  tolerance  variations. 
When  the  circuit  is  properly  ad- 
justed, the  a-m  suppression  com- 
pares favorably  with  other  f-m  de- 
tectors in  commercial  use,  and  the 
gated  beam  detector  appears  to 
have  the  edge  in  suppression  of 
ignition  interference  where  other 


circuits  are  burdened  by  time  con- 
stants. 

The  circuit  does  not  contain  a 
balanced  transformer  that  requires 
critical  adjustment.  If  the  signal 
impressed  upon  the  limiter  grid 
were  30  percent  a-m  and  30  percent 
f-m,  modulated  simultaneously,  the 
a-m  audio  component  appearing  in 
the  audio  circuit  would  be  at  least 
20  db  below  the  f-m  component. 
This  holds  true  for  levels  of  input 
signal  above  approximately  1 volt, 
well  below  normal. 

As  a result  of  the  quadrature 
voltage  developed  across  the  tuned 
circuit  in  the  second  grid,  f-m  de- 
tection takes  place  and  the  audio  in- 
formation is  developed  across  the 
220,000-ohm  load  resistor. 

Discriminator  Bandwidth 

Figure  6 shows  typical  discrim- 
inator response  produced  by  the 
6BN6  with  a 4,5-mc  center  fre- 
quency. The  most  conspicuous  dif- 
ference between  this  curve  and  the 
one  for  a conventional  discrimi- 
nator is  the  absence  of  any  sharp 
curvature  beyond  the  range  of 
normal  signal  deviations.  The 
harmonic  distortion  for  25-kc  devi- 
ation is  approximately  2.5  percent. 

The  bandwidth  of  the  usable  por- 
tion of  the  discriminator  curve  is 
proportional  to  the  bandwith  of  the 
quadrature  circuit.  Higher  L-C 
ratio  in  this  circuit  results  in  a 


FIG.  5 — Schematic  of  intercarrier  sound  lyatem  with  6BN6  functioning  as  limiter  and 

f-m  detector 


FIG.  6 — Typicol  discriminator  response 
for  die  gated  beam  tube 
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broader  curve.  Further  broaden- 
ing can  be  obtained  by  damping  the 
quadrature  circuit  with  a resistor 
but  this  results  in  impaired  audio 
output  and  poorer  a-m  suppression. 

The  bandwidth  can  be  increased 
by  a better  method  used  in  this  cir- 
cuit. A small  resistor  (680  ohms) 
is  inserted  between  the  anode  and 
the  bypass  capacitor.  The  inser- 
tion of  this  resistor  has  two  effects : 
it  damps  the  quadrature  circuit  but 
also  supplies  more  energy  to  it.  As 
a result,  the  voltage  across  the 
quadrature  circuit  will  stay  con- 
stant or  even  rise  while  the  band- 
width is  increased.  Good  audio  out- 
put and  improved  a-m  suppression 
result. 

The  plate  bypass  capacitor  pro- 
vides the  correct  amount  of  de- 
emphasis. 

The  stability  of  the  quadrature 
circuit  is  important.  It  should  not 
have  excessive  frequency  drift  with 
temperature  and  humidity  changes. 
The  fixed  tuning  capacitor  across 
the  quadrature  circuit,  therefore, 
has  a specified  temperature  coeffi- 
cient. 

Output 

The  audio  output  which  can  be 
obtained  with  low  distortion  is 
largely  a function  of  the  plate  sup- 
ply voltage.  In  this  circuit  there  is 
160  to  170  volts  available,  and  with 
full  25-kc  deviation  15  volts  rms 
audio  output  is  normal  with  ap- 
proximately 2-percent  distortion. 
With  higher  plate  voltage  and  a 


smaller  damping  resistor,  it  is  pos- 
sible to  obtain  20  to  25  volts  rms 
audio  output  with  a harmonic  dis- 
tortion of  3 to  5 percent  for  25-kc 
deviation. 

With  this  level  of  audio  output, 
the  usual  audio  amplifier  stage  can 
be  omitted  and  the  detector  output 
fed  directly  into  the  power  tube. 

If  the  transmitting  stations  could 
be  counted  upon  to  maintain  their 
audio  modulation  percentage  above 
30  percent  of  25  kc,  a 6K6  power 
tube  could  be  driven  to  practically 
full  output.  But  to  take  care  of 
those  times  when  the  percentage 
modulation  of  the  sound  carrier  is 
extremely  low,  we  have  chosen  to 
use  a 6AG7  power  output  tube  be- 
cause of  its  high  power  sensitivity. 
A 6V6  or  a 25L6  would  be  sufficient 
in  most  cases. 

Only  three  adjustments  are 
necessary.  The  step-up  transformer 
is  tuned  for  maximum  4.5-mc  sig- 
nal at  the  limiter  grid.  The  quad- 
rature circuit  is  tuned  for  maxi- 
mum undistorted  audio  output,  and 
the  bias  control  in  the  cathode  of 
the  6BN6  is  adjusted  for  maximum 
a-m  rejection. 

The  intercarrier  sound  system 
described  has  been  designed  for  use 
in  a receiver  of  highest  quality 
with  performance  comparable  to 
conventional  sound  type  sets.  For 
receivers  where  cost  is  a major  con- 
sideration, the  triode  4.5-mc  ampli- 
fier may  be  eliminated  by  extract- 
ing the  beatnote  from  the  video 
amplifier  and  applying  the  signal 
directly  to  the  limiter  grid  of  the 


6BN6  through  a suitable  coupling 
transformer. 

The  exact  amount  of  intercarrier 
gain  required  between  the  video  de- 
tector and  the  limiter  grid  of  the 
6BN6  depends,  as  has  been  pointed 
out,  on  the  sound-to-picture  carrier 
ratio  produced  in  the  i-f  channel, 
and  on  the  lowest  video  signal  level 
at  which  satisfactory  sound  is  ex- 
pected. We  have  found  that  it  is 
not  at  all  hard  to  obtain  gains  of 
35  db  at  4.5-mc  in  a pentode  video 
stage  by  using  good  circuitry  to 
separate  the  intercarrier  signal 
from  the  video  frequency  band.  The 
main  problem  remaining  in  such  a 
circuit  is  the  necessity  of  avoiding 
a-m  modulation  of  the  4.5-mc  beat- 
note  by  the  video  signals  due  to 
overload  in  the  video  stage.  This 
is  most  easily  taken  care  of  if  the 
maximum  video  level  is  limited  by 
automatic  gain  control  circuits. 

The  author  is  indebted  to  Robert 
Adler  for  his  valuable  assistance 
and  direction  in  adapting  the  6BN6 
as  the  limiter-detector  of  an  inter- 
carrier sound  system.  He  is  also 
indebted  to  Nathan  Aram  for  his 
help  in  the  preparation  of  this 
paper. 
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Tunable  A-F  Amplifier 

Variable-frequency  circuit  used  as  an  oscillator  from  200  to  10,000  cycles  also  serves  as  a 
selective  amplifier  in  the  same  range.  For  code  reception  through  interference,  the  device 
is  switched  to  provide  better  rejection  than  a crystal  filter 


By  OSWALD  G.  YILLARD,  JR. 


Recent  disclosure  of  a simple 
phase-inverter  connection  for 
driving  a half-lattice  R-C  filter  of 
the  all-pass  type^  greatly  simplifies 


a variable-frequency  circuit  useful 
both  as  an  audio  oscillator  and  as  a 
selective  amplifier  for  rejecting  or 
emphasizing  a particular  frequency. 


This  circuit  has  certain  interest- 
ing advantages  in  comparison  with 
the  conventional  bridged-T,  paral- 
lel-T,  and  Wien-bridge  methods  of 
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accomplishing  an  equivalent  result. 
It  makes  practical,  for  example,  an 
easily-constructed  wide-range  oscil- 
lator in  which  the  magnitude  of  the 
feedback  voltage  is  substantially  in- 
dependent of  the  operating  fre- 
quency. Thus,  it  is  possible  to 
dispense  with  special  limiting  or 
variable  - impedance  devices  for 
automatic  amplitude  control. 

When  the  circuit  is  used  as  a 
rejection  network,  only  one  knob 
need  be  turned  in  order  to  find  the 
null.  Inexpensive  ganged  resist- 
ances may  be  used  to  change  fre- 
quency, and  frequency  ratios  of  the 
order  of  100  to  1 may  readily  be 
obtained  without  range  switching. 
Finally,  the  circuit  as  an  oscillator 
inherently  provides  a source  of 
quadrature  voltage  suitable  for  ob- 
taining a circular  sweep  on  a cath- 
ode-ray tube. 

Method  of  Operation 

A block  diagram  of  one  useful 
form  of  this  circuit  is  shown  in  Fig. 
1. 

The  all-pass-type  filter  delivers  an 
output  voltage  whose  magnitude  is 
independent  of  frequency,  but 
whose  phase  is  determined  by  fre- 
quency. The  variation  of  this  phase 
with  frequency  (that  is,  the  time 
constant  of  the  network)  is  adjust- 
able, and  this  adjustment  also  has 
no  effect  on  the  magnitude  of  the 
output  voltage.  In  Fig.  lA  a null 
will  occur  when  the  transmission 
through  each  of  the  parallel  circuit 
branches  is  equal,  and  the  phase 
shift  through  the  network  is  180 
degrees.  In  Fig.  IB,  oscillation 
occurs  when  the  phase  shift  of  the 
voltage  fed  back  around  the  single- 
stage  amplifier  is  180  degrees.  Con- 
sequently oscillations  and  the  null 
will  occur  at  the  same  frequency  for 
a given  setting  of  the  network  time 
constant. 

It  is  convenient  to  do  the  phase 
shifting  in  this  network  in  two  sec- 
tions. In  Fig.  2 will  be  found  the 
essential  details  of  one  section. 
Each  may  be  viewed  either  as  an 
R-C  phase  shifter  of  the  familiar 
variety  shown  in  many  textbooks, 
(see  Fig.  2A),  or  as  one  half  of  an 


R-C  lattice  filter  of  the  all-pass 
phase-correcting  type,  as  in  Fig.  2B. 
The  vector  diagram  of  one  section, 
which  shows  why  the  output  voltage 
remains  constant  as  either  R,  C,  or 
frequency  / is  varied,  is  given  in 
Fig.  2C.  The  phase  shift  of  the 
output  with  respect  to  the  input  is 
2 arctan  2fCR.  The  network  may 
be  driven  equally  well  by  a vacuum- 
tube  phase  inverter,  or  by  a trans- 
former. 

The  special  advantage  of  this  par- 
ticular half-lattice,  when  used  as 
part  of  a null  bridge  or  oscillator,  is 
the  fact  that  changing  the  phase 
shift  by  varying  R cannot  alter  the 
phase-shifter  output  voltage  and 
consequently  affect  the  complete- 
ness of  bridge  balance  or  the  mag- 
nitude of  the  oscillator  feedback. 
If  the  corresponding  full  lattice 
were  used  (see  the  dashed  lines  in 
Figure  2B),  both  resistances  would 
have  to  be  varied  in  exact  synchron- 
ism if  changes  in  the  magnitude  of 


the  output  voltage  were  to  be 
avoided. 

Lattice-Filter  Method 

Another  method  of  obtaining 
feedback  voltage  whose  magni- 
tude is  independent  of  frequency  or 
frequency-control  setting,  and  also 
using  an  all-pass  lattice  filter,  has 
been  disclosed*  but  is  considerably 
more  complicated  than  the  present 
arrangement  because  no  loss  in  the 
all-pass  network  was  permitted.  In 
the  present  case,  greater  construc- 
tional simplicity  is  obtained  at  the 
expense  of  a certain  amount  of 
amplification. 

With  the  conventional  Wien- 
bridge  circuit,  two  accurately- 


ganged  capacitors  or  resistors  must 
be  varied  to  change  frequency.  If 
these  elements  are  not  in  perfect 
track,  the  depth  of  the  null  will  be 
proportionately  reduced,  a,nd  the 
feedback  voltage  will  not  be  con- 
stant when  the  circuit  is  used  as 
part  of  an  oscillator.  Similarly, 
parallel-T  networks  which  must  be 
varied  over  a wide  frequency  range 
require  the  accurate  ganging  of 
three  circuit  elements.  It  is  usu- 
ally necessary,  with  these  circuits, 
to  provide  a fine  balance  control  in 
addition  to  the  coarse  frequency 
control. 

Constructional  Details 

A complete  schematic  of  a typical 
oscillator-rejection  filter  device  is 
found  in  Fig.  8,  together  with  a 
vector  diagram  illustrating  its  oper- 
ation in  rejecting  a particular  sig- 
nal. With  two  phase-shifter  stages 
(Vi  and  Va)  it  is  seen  that  the  null 
is  found  when  the  phase  shift 


through  each  stage  is  90  degrees — 
that  is,  when  the  frequency  is  such 
that  Xc  equals  R in  Fig.  2C.  It 
follows  that  the  null  frequency  is 
inversely  proportional  to  resistance. 
The  same  is  true  of  the  oscillation 
frequency. 

The  gain  control  P in  the  grid  of 
F4  allows  adjustment  of  the  depth 
of  the  null  when  the  switch  S is  at 
the  2,  or  null,  position.  Once  set 
for  best  rejection  at  one  frequency, 
it  is  ordinarily  not  necessary  to 
readjust  this  control  when  fre- 
quency is  changed.  When  S is  set 
in  the  1,  or  oscillator  position,  this 
same  gain  control  P adjusts  the 
amount  of  feedback.  When  the  feed- 
back is  set  somewhat  below  the 


FIG.  1 — ^Block  diagiom  of  basic  rejection  circuit  (A)  and  basic  oscillator  circuit  (B) 
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position  at  which  oscillation  occurs, 
the  unit  becomes  a variable-fre- 
quency selective  amplifier. 

The  sharpness  of  the  passband 
may  be  controlled  by  adjusting  the 
amount  of  feedback.  When  oscilla- 
tions are  desired,  the  gain  control 
is  set  slightly  above  the  threshold 
of  oscillation.  Under  these  condi- 
tions waveform  will  be  good  and 
output  will  not  vary  appreciably  as 
frequency  is  changed.  Too  much 
feedback  causes  distortion ; too  little 
will  make  the  oscillations  unstable 
and  likely  to  drop  out  with  small 
residual  changes  in  feedback  as 
frequency  is  varied. 

The  only  critical  circuit  compo- 
nents in  Fig.  3 are  the  plate  and 
cathode  resistors  of  the  phase  in- 
verters. These  must  be  matched 
very  accurately  in  pairs.  The 
absolute  magnitude,  of  course,  is 
not  important.  Similarly,  the  two- 
to-one  ratio  between  the  corres- 
ponding resistors  of  the  two  tubes 
need  only  be  approximate.  Thus  the 
matching  may  readily  be  done  on 
an  ohmmeter.  For  best  long-time 
stability,  precision  resistors  should 
be  used. 

It  is  desirable  that  the  power 
supply  be  well-filtered  and  have  a 
very  low  output  impedance,  in  order 
to  avoid  coupling  between  the  phase 
inverter  stages.  Where  stability 
of  operation  must  be  maintained  in 
spite  of  large  line-voltage  fluctua- 
tions, voltage  regulation  is  desir- 
able. 

Dial  Calibration 

In  a great  many  so-called  resist- 
ance-tuned oscillators,  capacitance 
is  varied  in  order  to  change  fre- 
quency. Owing  to  the  effect  of  the 
minimum  capacitance  inherent  in 
variable  capacitors,  the  tuning 
range  obtainable  is  generally  of  the 
order  of  10  to  1.  By  varying  re- 
sistance in  the  present  circuit,  a 
wide  tuning  range  may  be  covered 
in  one  rotation  of  the  dial.  If  a 
straight  line  frequency-versus-re- 
sistance  characteristic  is  desired, 
the  phase-shifting  capacitor  in 
Fig.  2A  can  be  replaced  by  an 
inductance.  However  an  inverse 


FIG.  2 — ^Phase-shift  circuit  (A)  that  con  be 
driven  by  transformer  or  vacuum  tube; 
(B)  all-pass  lattice  from  which  the  simple 
phase-shifter  is  derived;  (C)  vector 
diagram 

frequency-versus-resistance  calibra- 
tion is  qu\te  practical  in  many  ap- 
plications. The  dual-ganged  resist- 
ance used  in  the  unit  of  Fig.  3 is 
a readily-available  Centralab  type 
C-104  which  has  what  is  termed 
a standard  audio  taper.  By  taking 
advantage  of  this  taper,  the  range 


from  200  to  10,000  cycles  can  be 
spread  out  reasonably  well  on  a 
standard  180-degree  vernier  dial. 

The  chief  limitation  on  the  upper 
frequency  limit  which  may  be 
achieved  by  progressively  reducing 
resistance,  in  addition  to  amplifier 
frequency  response,  is  the  loading 
effect  of  each  R-C  phase-shifting 
network  on  its  associated  phase  in- 
verter. This  upsets  the  equality  of 
the  plate-to-ground  and  cathode-to- 
ground  a-c  voltages,  and  causes 
their  relative  phase  to  depart  from 
exact  phase  opposition. 

Sharpness  of  Rejection  Band 

It  is  desirable  that  a frequency- 
rejection  device  have  as  sharp  a 
rejection  notch  as  possible.  The 
circuit  described  has  a perform- 
ance in  this  respect  which  is  slightly 
superior  to  that  of  both  a Wien  and 
a parallel-T  R-C  bridge. 

A curve  of  percent  response 
versus  frequency  is  shown  in  Fig.  4. 
The  parallel-T  response  curve 
shown  is  that  of  a commonly  used 
and  relatively  simple  type*  in  which 
two  of  the  resistors  and  two  of  the 
capacitors  are  identical  and  the 
other  two  elements  are  half  or  twice 
as  large.  A sharper  rejection  curve 
can  be  obtained  by  using  a more 


FIG.  3 — Schematic  circuit  diagram  and  vector  diagram  for  null  operation 
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complex  relationship  between  these 
elements,  but  even  when  this  is  done 
the  best  of  several  typical  cases* 
does  not  equal  the  performance  of 
the  phase  shift  bridge. 

Discrimination  of  the  phase-shift 
bridge  may  be  improved  by  adding 
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FIG.  4 — ^Relortlre  tronsmissioii  as  a iunc- 
tton  of  frequencv  rejection 

additional  phase-shifting  sections. 
With  three  instead  of  two,  a second 
null,  rather  than  a maximum  of 
tr^smission,  will  occur  as  fre- 
quency approaches  either  zero  or 
infinity,  depending  on  circuit  polar- 
ity. With  the  oscillator  connection, 
there  would  accordingly  be  a ten- 
dency for  simultaneous  oscillation 
at  two  frequencies.  However  it  is 
possible  that  the  second  oscillation 
might  not  prove  too  troublesome  in 
view  of  the  falling-off  in  amplifier 
response  at  the  frequency  involved. 

Applications 

The  ease  with  which  this  device 


may  be  constructed,  recommends 
it  for  application  wherever  a 
simple  general-purpose  audio  signal 
source,  variable-frequency  selective 
amplifier,  and  frequency-rejection 
filter  would  be  useful. 

By  providing  an  output  connec- 
tion shown  in  Fig.  3 which  samples 

a portion  of  the  voltage  at  the  junc- 
tion between  the  two  phase  shifters, 
a quadrature  voltage  is  available  by 
means  of  which  a variable-fre- 
quency circular  sweep  on  an  oscil- 
loscope may  be  obtained.  In  this 
case,  the  accuracy  of  the  90-degree 
phase  shift  is  a function  of  the  ac- 
curacy with  which  the  two  variable 
resistors  remain  in  step  as  the  com- 
mon shaft  is  rotated,  and  accord- 
ingly will  not  be  very  good  unless 
precision  resistors  are  used. 

This  unit  is  particularly  suitable 
as  an  accessory  for  a communica- 
tions receiver.  In  phone  reception, 
the  frequency-rejection  feature  may 
be  used  to  eliminate  interfering 
heterodyne  whistles.  The  sharpness 
of  the  rejection  slot  is,  if  anything, 
superior  to  that  of  a good  crystal 
filter.  For  code  work,  the  operator 
has  a choice : he  may  use  the  device 
to  reject  an  interfering  code  sta- 
tion, leaving  the  desired  signal  little 
affected,  or  by  throwing  a switch 
he  may  use  it  as  a variable-fre- 
quency selective  amplifier  to  amp- 
lify one  signal  more  than  the  others. 


The  selectivity  is  continuously  vari- 
able and  may  be  adjusted  to  suit. 

It  is  interesting,  as  this  control 
is  advanced,  to  hear  a signal  of  one 
particular  pitch  rise  up  out  of 
the  others  simultaneously  present. 
Since  the  null  frequency  and  fre- 
quency of  regeneration  are  the 
same,  it  is  possible  to  select  and 
amplify  a particular  signal,  and 
then  by  throwing  the  switch  to 
make  it  disappear  leaving  all  the 
others  behind. 
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Combining  Positive  and  Negative  Feedback 

Development  of  simple  two-stage  audio  amplifier  using  a combination  of  local  positive 
feedback  in  first  stage  and  a moderate  amount  of  overall  negative  feedback  to  approxi- 
mate the  results  obtainable  from  conventional  amplifier  with  25  db  negative  feedback 

By  JOHN  M.  MILLER,  JR. 


IT  HAS  BESIN  PROVED  that  the  ear 
can  detect  as  little  as  0.5  percent 
of  pentode  distortion.^  To  achieve 
this  low  degree  of  distortion  in 
typical  pentode  amplifiers,  approxi- 
mately 25  db  of  negative  feedback 
is  required.  This  sacrifice  in  gain, 


and  the  solution  of  the  oscillation 
problem  outside  the  passband,  in- 
volve considerable  added  cost. 

It  is  possible  in  a two-stage  ampli- 
fier to  approximate  the  results  that 
would  be  obtained  in  a conventional 
amplifier  with  25  db  of  negative 


feedback,  by  using  a combination  of 
local  positive  feedback  in  the  first 
stage,  and  a moderate  amount  of 
overall  negative  feedback.  The 
positive  feedback  has  the  effect  of 
increasing  the  gain  of  the  first 
stage.  The  general  principle  of 
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combined  feedback  has  been  known 
for  some  time.* 

The  block  diagram  of  a two-stage 
amplifier  with  combined  feedback  is 
shown  in  Fig.  1.  The  inherent  volt- 
age gains,  with  no  feedback,  of  the 
first  and  second  stages,  are  repre- 
sented by  Ai  and  A,  respectively, 
for  very  small  signals;  is  the 
feedback  ratio  of  the  feedback 
around  the  first  stage,  and  is  the 
overall  feedback  ratio,  for  very 
small  signals.  The  feedback  ratio 
is  defined  as  the  ratio  of  the  voltage 
fed  back  to  the  voltage  existing  at 
the  point  from  which  the  feedback 
is  obtained.  These  are  all  complex 
vector  quantities,  although  their 
phase  angles  are  likely  to  be  very 
small  in  the  vicinity  of  the  amplifier 
band  center.  In  the  ideal  case 
where  there  are  no  phase  shifts,  Ai 
and  As  are  conventionally  consid- 
ered to  be  positive,  and  a feedback 
ratio  is  positive  when  the  voltage 
fed  back  is  in  phase  with  the  input. 

Feedback  Equations 

The  voltage  gain  is 

. ■AiA2 A1A2 

1 - AiBi  - A1A2B2  N ''  '' 
N is  the  vector  quantity  by  which 
the  gain  without  feedback,  AiA*, 
is  divided.  If  Bi  is  positive  (which 
would  be  the  case  for  positive  feed- 
back), it  has  the  effect  of  increas- 
ing the  gain  A;  and  B^,  if  negative, 
tends  to  decrease  the  gain. 

A term  such  as  A^Bi  or  A^AJB^  is 
known  as  a feedback  factor.  In  the 
ideal  case  it  will  be  a pure  positive 
or  negative  quantity,  but  in  the 
practical  case,  it  will  have  a phase 
angle  that  is  the  sum  of  the  phase 
angles  of  the  factors  involved. 

When  there  is  no  phase  shift  in  the 
feedback  network  itself,  the  feed- 
back ratio  is  considered  to  be  a real 
quantity,  and  the  phase  angle  of  the 
feedback  factor  is  equal  to  the  sum 
of  the  phase  angles  of  the  A’s  in- 
volved. 

The  output  impedance  Z,  is 

m-vL/Z^)  -il  - Ai5i) 
where  Zi,  and  Z,,  are  the  load  im- 
pedance and  inherent  output  im- 
pedance of  the  output  stage.  It  is 


seen  in  the  above  expression  that 
when  the  product  AiBi  is  positive,  a 
decrease  in  the  output  impedance 
can  result. 

The  expression  for  distortion  and 
gain  stability  is 

DA  ( ^ ~v  ■— ) ® 

The  inherent  gain  increments  Z>i 
and  D»  in  the  first  and  second  stages 
are  caused,  for  example,  by  a 
change  in  applied  static  or  instan- 
taneous signal  electrode  voltages, 
or  aging  of  the  tube,  and  D is  the 
resulting  overall  gain  increment. 
The  parameters  D,  A,  and  D2  are 
each  expressed  as  a fraction  of  A, 
Ai,  and  A2.  Equation  3 also  holds 
if  Di,  Dty  and  D represent  nonlinear 
distortion. 

Regeneration  and  Distortion 

For  most  purposes,  optimum  per- 
formance is  obtained  by  designing 
so  that  the  product  AiBi  over  the 
useful  range  of  frequencies  is  ap- 
proximately equal  to  unity.  (If  the 
negative  feedback  were  temporarily 
removed,  the  first  stage  would  be  in 
a state  of  critical  regeneration, 
with  a gain  approaching  infinity.) 
From  Eq.  2,  we  now  obtain  zero  out- 
put impedance,  and  from  Eq.  3 we 
find  that  the  distortion  and  gain 


FIG.  1 — ^Notation  used  for  a two4tage 
amplifier  showing  two  feedback  paths 


variation  contributed  by  the  final 
stage,  including  the  output  trans- 
former, are  reduced  to  zero.  From 
Eq.  1,  the  gain  becomes  1/— B,.  In 
an  amplifier  using  negative  feed- 
back only,  it  would  be  necessary  to 
provide  an  infinite  amount  of  feed- 
back gain  reduction  to  obtain  these 
results.*  Very  good  results  can  be 
obtained  even  when  AiBi  departs 
from  unity  by  z±z20  percent. 

It  will  be  seen  from  Eq.  3 that  if 
AiBi  exceeds  2,  the  distortion  intro- 
duced by  the  output  stage  will  actu- 


ally be  greater  than  that  which 
would  be  produced  by  omitting  the 
positive  feedback  entirely.  This 
shows  the  unsoundness  with  large 
feedback  factors  of  the  balanced 
feedback  principle,  in  which  A^Bi 
is  made  equal  to  —AiA^Bt,  (V 
equals  unity),  since  the  distortion 
and  gain  variation  are  greater, 
though  reversed  in  sign,  than  if  no 
feedback  at  all  were  used. 

Oscillation 

It  is  apparent  from  Eq.  1 that 
the  quantity  (AiBi  AiAaB*)  is 
analogous  to  the  feedback  factor 
AB  in  a conventional  feedback  amp- 
lifier, and  may  be  considered  to  be 
the  effective  feedback  factor  in  de- 
termining the  possibility  of  oscilla- 
tion. Thus  we  can  use  Nyquist’s*  and 
Bode’s*  criteria  in  analyzing  any 
particular  case.  If,  because  of 
phase  reversal  in  the  feedback 
factor,  a positive  value  of  unity  is 
assumed  at  some  frequency,  Eq.  1 
gives  a gain  value  of  infinity,  indi- 
cating oscillation.  If  the  feedback 
factor  is  positive  and  greater  than 
unity,  oscillation  will  usually  result, 
although  there  are  exceptional 
cases,  known  as  conditional  stabil- 
it3^,  where  oscillation  does  not 
result.  However,  in  good  practice 
it  is  customary  to  design  so  that  the 
feedback  factor  never  assumes  a 
positive  value  greater  than,  say,  0.5. 

Since  the  effective  feedback 
factor  (AiBi  + A^AJB^)  must  be 
held  to  a value  less  than  plus  unity 
at  all  frequencies  to  avoid  oscilla- 
tion, then  if  AJB^.  equals  plus  unity, 
the  negative  feedback  factor 
AiAsBs  must  never  become  zero  or 
positive.  This  requirement  cannot 
be  met;  in  fact,  the  asymptotic 
phase  shift  in  a loop  containing  a 
two-stage  resistance-coupled  ampli- 
fier and  the  primary  and  secondary 
of  an  output  transformer  is  at  least 
270  degrees  at  very  high  frequen- 
cies with  a resistance  load.  Thus  it 
becomes  necessary  to  cause  AiBi  to 
assume  a value  other  than  unity  at 
frequencies  where  A1AJ82  is  posi- 
tive. A phase  shift  must  be  intro- 
duced into  the  feedback  transmis- 
sion network  which,  ^in  conjunction 
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with  the  phase  shift  in  actually 
reverses  the  phase  of  AiBi  at  very 
high  and  very  low  frequencies,  so 
that  it  becomes  negative  feedback, 
although  its  amplitude  is  then  very 
small.  The  local  feedback  factor 
AiBi  may  now  tend  to  oppose  rather 
than  aid  oscillation  at  extreme 
frequencies  where  AiAaB,  is  posi- 
tive, although  AiBi  is  still  essen- 
tially positive  and  nearly  unity 


throughout  the  band  of  useful  fre- 
quencies. 

The  amplifier  of  Fig.  2 incorpor- 
ates positive  and  negative  feedback. 
It  is  otherwise  conventional,  using 
self-bias  throughout,  and  a highly 
degenerative  self-balancing  phase 
inverter.  The  output  transformer 
is  small,  having  a I x l-inch  stack. 
The  copper  efficiency  is  about  80 
percent. 

The  overall  negative  feedback  is 
obtained  from  the  secondary  of  the 
output  transformer  T,  and  is  fed 
through  Rs  to  the  cathode  of  V,. 
Shunt  capacitor  Cs  affords  some 
feedback  phase  correction  at  very 
high  frequencies.  The  feedback 
gain  reduction  is  9 db,  and  becomes 
11  db  with  the  positive  feedback 
disconnected. 

The  positive  feedback  is  obtained 
from  the  grid  of  y«,  and  is  fed 
through  Ri  and  Ci  to  the  grid  of 


tube  Va.  The  positive  feedback 
voltage  is  developed  primarily 
across  Ra  and  Ca,  since  the  plate  re- 
sistance of  Vi  is  relatively  small, 
and  the  input  resistance  of  the  grid 
of  V,  is  high.  The  positive  feed- 
back is  designed  so  that,  with  the 
negative  feedback  disconnected,  F* 
will  be  near  oscillation  or  oscillating 
weakly.  Since  the  voltage  gain  of 
the  stage  Va  is  approximately  10, 


about  one-tenth  of  the  voltage  on 
the  grid  of  V*  is  fed  back  to  the  grid 
of  Va-  The  resistance  of  Ri  is 
therefore  made  about  nine  times 
that  of  Ri,  and  C,  has  about  nine 
times  the  capacitance  of  C,.  Thus 
the  phase  and  amplitude  of  the  posi- 
tive feedback  is  maintained  flat  over 
the  range  of  audio  frequencies.  Be- 
cause of  the  highly  degenerative 
nature  of  the  phase  inverter,  the 
balance  is  not  appreciably  affected 
by  the  additional  load  of  the  posi- 
tive feedback  network. 

Some  phase  shift  in  the  positive 
feedback  is  obtained  at  extreme  fre- 
quencies in  the  stages  Va  and  F, 
due  to  electrode  and  stray  capaci- 
tances, and  due  to  the  blocking  ca- 
pacitors. The  input  capacitance  of 
the  grid  of  F,  causes  a further 
phase  shift,  so  that  the  polarity  of 
the  product  AiBi  reverses  from 
positive  to  negative  at  extremely 


high  frequencies.  The  input  capac- 
itance of  F,  is  primarily  dynamic, 
due  to  feedback  through  its  grid- 
plate  capacitance*,  at  very  high  fre- 

Table  I — ^Distortion  Figures  for 
Various  Combinations  oi  Operat- 
ing Conditions 


Harmonic  Distortion  — 8 watts  into 
3.9-ohm  speaker  load 
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Frequency  in  Cps 

100 

400 

1,000 

% 

Db 

% 

Db 

% 

Db 

0.12 

58 

0.2 

54 

0.17 

55 

0.09 

61 

0.24 

52 

B 

0.04 

68 

67 

69 

5 

0.034 

69 

H 351 

75 

0.04 

68 

6 

94 

0.003 

90 

0.02 

74 

7 

— 

<0.001 

s 

0.006 

84 

8 

— 

— 

9 

0.006 

84 

9 

— 

— 

9 

<0.001 

— 

— 

— 

9 

0.012 

78 

11 

— 

— 

s 

<0.001 

— 

Harmonic  Distortion — 3.9-ohm  load 


Harmonic 

50  Cps, 

5 watts 

2Kc, 

4 watts 

% 

Db 

% 

Db 

2 

1 0.7 

43 

0.1 

60 

3 

1 0.88 

41 

0.23 

53 

4 

i 0.03 

70 

0.006 

84 

5 

0.08 

62 

0.02 

74 

6 

0.01 

80 

0.002 

94 

7 

0.02 

74 

0.008  ' 

82 

8 

1 0.004 

88 

— 

— 

9 

I 0.002 

94 

— 

— 

10 

1 0.002 

94 

— 

— 

Percent  Harmonic  Distortion — 8 watts 
into  3.9  ohms  at  100  cps 


Harmonic 

No 

feedback 

Negative 

feedback 

Pos-neg 

feedbag 

2 

0.6 

0.07 

0.12 

3 

6.0 

2.2 

0.094 

4 

0.15 

0.01 

0.04 

5 

0.6 

0.08 

0.034 

6 

0.2 

0.08 

0.002 

7 

0.2 

0.04 

<0.001 

Percent  Harmonic  Distortion — 8 watts 
into  3.9  ohms  at  400  cps 


Harmonic 

No 

feedback 

Negative 

feedback 

Pos-neg 

feedback 

2 

1.4 

0.3 

0.2 

3 

7.0 

2.4 

0.24 

4 

0.6 

0.1 

0.045 

5 

1.2 

0.08 

0.017 

6 

0.14 

0.02 

<0.001 

7 

0.27 

0.02 

<0.001 

Percent  Intermodulation  Distortion — 
8 watts  into  3.9  ohms,  4 to  1 volt- 
age ratio  at  60  and  100  cps 
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Fre- 

quency 

No 

feedback 

Negative 

feedback 

Pos-neg 

feedbaw 

60  Cps 

2 kc 

1 



1.4 

7 kc 

40 

8.0 

1.9 

12  kc 

— ■ 

— 

2.2 

100  Cps 

2 kc 

1 

6.6 

0.52 

7 kc 

— 

5.8 

0.84 

12  kc 

— 

6.1 

1,0 

quencies  where  the  overall  feedback 
is  positive  or  small. 

In  some  designs,  it  may  be  neces- 
sary to  connect  a small  capacitor 
from  the  grid  of  V,  to  ground,  or 
to  use  a more  elaborate  phase-shift 
network  to  obtain  a sufficiently 
rapid  phase  turnover  in  the  local 
feedback. 

At  extremly  low  frequencies  most 
of  the  local  feedback  current  flows 
through  jRg  instead  of  through  C*, 
so  that  a phase  shift  is  obtained, 
which  together  with  the  phase- 
shifting  action  of  the  O.OS-ftf  block- 
ing capacitors  in  stages  V,  and  V», 
is  sufficient  to  cause  the  desired 


10  20  50 100  1,000  10,000 

FREQUENCY  IN  CPS 


40  2 
30  w 
20“ 

0 (s 
100,000 


FIG.  3 — Amplifier  response  curves  for 
various  types  of  feedback  with  0.5-watt 
input  to  a 3.9-olun  loudspeaker  load 


phase  reversal.  In  practice,  the 
phase  reversal  frequencies  are 


FIG.  4 — ^Voltage  regulation  in  db  with 
1-volt  output  into  3.9-ohm  loudspeaker 
load 


placed  as  far  outside  the  desired 
pass  band  as  good  stability  permits. 

Performance  Measurements 

Figure  3 permits  the  determina- 
tion of  the  quantities  (1—AiBi), 
(1— Aifii— AiAgfij),  or  N,  and  ra- 
tio (1  — AiBi  — AiA2B2)/(—AiBi). 

Figure  4 indicates  a negligibly 
small  output  impedance,  since  the 
output  voltage  varies  only  slightly 
when  the  speaker  load  is  discon- 
nected. The  regulation  of  0.1  db 
at  400  cycles  may  be  compared  with 
the  regulation  of  2.7  db  that  is  ob- 
tained with  the  positive  feedback 
disconnected  (11  db  of  negative 
feedback  remaining)  or  the  regula- 


tion of  19  db  that  is  obtained  with 
no  feedback. 

The  distortion  indicated  in  Table 
I would  presumably  be  inaudible 
even  with  a wide-range  loudspeaker. 
The  intermodulation  distortion 
averages  three  or  four  times  as 
much  as  the  harmonic  distortion,  as 
would  be  expected.  The  table  shows 
that  the  positive  feedback  causes  a 
great  reduction  in  distortion. 

Design  Improvements 

The  amplifier  of  Fig.  2 is  not 
represented  as  being  the  ultimate 
in  design  of  a positive-negative 
feedback  amplifier,  although  it 
seems  probable  that  most  major  im- 
provements would  involve  cost  in- 
creases. 

If  the  negative  feedback  could  be 
made  uniform  over  a wider  fre- 
quency range,  the  local  positive 
feedback  could  also  be  made  effec- 
tive ever  a wider  range.  A wide- 
band output  transformer  would  be 
helpful.  Reducing  iJi,  R2,  Rz  and 

Ri  and  i?*,  and  increasing  Ca  and  Ci, 
will  also  be  helpful.  The  grid-plate 
capacitance  of  F*  could  be  largely 
neutralized  by  shunting  Ri  with  a 
small  capacitor  of,  say,  3 micro- 
microfarads. The  last  two  meas- 
ures would  reduce  the  high-fre- 
quency phase  shift  in  the  overall 


FIG.  5 — Complete  schematic  ol  a low-cost  audio  amplifier  using  combination 

feedback 
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feedback  that  is  caused  by  the 
Miller  effect  in  Also,  R.,  could 
be  shunted  with  a small  capacitor  to 
reduce  the  phase  shift  caused  by 
the  grid-plate  capacitance  of  V*.  It 
would  also  be  desirable  to  replace 
by  a network  having  a rapid 
phase  turnover  at  ultrasonic  fre- 
quencies and  a small  phase  shift  at 
audio  frequencies. 

Low-Cost  Amplifier 

Figure  5 shows  the  circuit  of  an 
economical  amplifier.  Type  6K6GT 
output  tubes  are  used,  and  the  cur- 
rent drain  is  so  low  that  a 5Y3 
rectifier  is  used  at  less  than  its 
rated  operating  conditions,  and 
with  resistance  filtering  only.  The 
hum  is  almost  inaudible  even  in  a 
quiet  room,  being  67  db  below  maxi- 
mum level.  In  production,  the  out- 
put regulation  rarely  exceeds 
±:  0.2  db,  and  the  response  is  fiat 
over  the  useful  range  of  fre- 


quencies. No  production  difficul- 
ties have  arisen,  although  many 
many  thousands  of  units  have  been 
manufactured,  and  no  special  selec- 
tion of  tubes  or  components  has 
been  made.  Numerous  production 
units  selected  at  random  for  test 
had  an  average  harmonic  distortion 
at  400  cycles  of  0.5  percent  with  5 
watts  output.  With  a shock  im- 
pulse at  the  amplifier  input,  the 
transient  output  across  the  loud- 
speaker voice  coil  is  negligibly  small 
after  the  first  cycle. 

The  photograph  of  this  amplifier 
shows  the  output  transformer  to  be 
small.  However,  the  harmonic  dis- 
tortion in  the  60-cps  output  at  five 
watts  is  only  one  percent.  The 
6SN7GT  driver-phase  inverter  is 
not  shown,  as  it  is  located  on  the 
tuner  chassis  of  the  receiver. 

Conclusions 

In  conclusion,  it  appears  that 


combined  positive  and  negative 
feedback  offers  considerable  possi- 
bility for  improved  performance  in 
pentode  audio  power  amplifiers, 
particularly  where  cost  is  an  im- 
portant consideration,  and  when 
conventional  mass-production  tech- 
niques are  used. 
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Direct-Coupled  Phase  Inverter 

By  E.  JOHNSON 


Direct-current  symmetry  and  sta- 
bility of  output  are  obtained  from 
the  phase  inverter  shown  in  the 
accompanying  diagram.  Because 
of  these  properties,  the  circuit  is 
useful  in  handling  flat-topped 
pulses,  low  frequencies  and  the 
like.  The  indicated  values  of  the 
components,  although  considered 
optimum  for  the  specific  applica- 
tion for  which  this  circuit  was 
developed,  should  be  taken  as  sug- 
gestions rather  than  absolutes. 

Operating  Conditions 

The  upper  half  of  the  inverter 
is  recognizable  as  a cathode-cou- 
pled amplifier^’®.  The  output  of  this 
half  is  in  phase  with  the  inverter 
input. 

The  lower  half  is  the  same  as 
the  upper  half  but  with  its  grids 
interchanged.  With  respect  to  qui- 
escent conditions,  the  lower  half 
of  the  circuit  behaves  identically 


to  the  upper  half.  However,  the 
output  of  the  lower  half  is  180  de- 
grees out  of  phase  with  the  in- 
verter input.  The  inherent  gain 


Phase  ioTerter  is  directly  coupled 


of  the  lower  half  is  about  half  that 
of  the  upper  half  so  that  an  adjust- 
ment of  the  potentiometer  i2,  is 
necessary  to  equalize  the  outputs 


of  the  two  halves.  Overall  gain 
of  the  inverter  is  controlled  by  i2,. 

Potentiometer  is  adjusted  to 
make  the  d-c  output  voltage  of  each 
half  of  the  circuit  equal,  the  adjust- 
ment being  made  in  the  absence 
of  signal  and  before  Rt  is  adjusted. 

The  subsequent  adjustment  of  Rs 
does  not  necessitate  any  further 
adjustment  of  Rt,  making  the  cir- 
cuit very  easy  to  balance.  Essen- 
tially, each  half  of  the  circuit  op- 
erates independently  of  the  other 
half  so  that  there  is  no  tendency 
towards  regenerative  drifting  and 
critical  adjustment  that  character- 
ize many  comparable  circuits. 

With  the  typical  values  of  com- 
ponents as  shown,  the  circuit  has 
a voltage  gain  of  about  20  and 
handles  inputs  up  to  two  volts  with- 
out appreciable  distortion.  Use  of 
6SN7’s  would  have  reduced  the 
gain  to  about  seven.  Graphical 
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analysis  offers  a convenient  means 
of  investigating  the  performance 
of  the  circuit  and  provides  a guide 


for  selecting  the  components®. 
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Stabilizing  Gain 


Chart  simplifies  calculations  involving  fluctuations  in  gain  with  and  without  negative 
feedback,  amount  of  feedback  and  sacrifice  in  gain  to  obtain  required  stability 


ONE  ADVANTAGE  of  applying 
negative  feedback  to  low- 
frequency  amplifiers  is  the  sta- 
bilization of  gain  that  is  obtained. 
Usually  the  effects  of  feedback 
are  calculated  from  the  equation 
A'  = A/(l  —Ap)  where  A' 
is  the  voltage  gain  with  feed- 
back, A is  the  voltage  gain  with- 
out feedback,  and  Ap  is  the  feed- 
back factor.  By  converting  this 
equation  into  logarithmic  form 
and  generalizing  the  reference 
level,  the  accompanying  chart 
can  be  plotted.  As  used  in  the 
chart,  A and  A'  are  in  db. 

Usually  the  variation  of  gain 
WITHOUT  FEEDBACK  is  given  in 
the  form  of  two  measured  values 
of  A or  A A corresponding  to  the 
extremes  of  power  supply  fluctu- 
ation, change  in  tube  parameters 
and  other  effects.  The  variation 
OF  GAIN  wira  FEEDBACK  will  gen- 
erally be  given  in  the  amplifier 
specifications.  There  will  be  a 
REDUCTION  IN  OVERALL  GAIN  pro- 
duced by  the  feedback,  which  has 
to  be  computed  so  that  the  initial 
gain  A can  be  made  large  enough 
to  give  the  required  A'  after 
feedback  has  been  applied.  The 
necessary  feedback  factor  to 
produce  the  specified  effect  may 
have  to  be  computed,  or  it  may 
have  been  obtained  already  by 
using  the  feedback  to  reduce  dis- 
tortion or  output  impedance.  Al- 
though the  factors  that  are  given 
and  the  ones  that  are  to  be  found 
may  differ  from  problem  to  prob- 
lem, any  two  are  sufficient  to 
obtain  the  others  from  the  chart. 


By  T.  E.  KORN 

Example 

An  existing  amplifier  hav- 
ing 5 db  more  gain  than 
necessary  and  a measured  varia- 
tion of  gain  from  the  normal 
of  —6  db  to  -1-4  db  is  to  be 
stabilized.  How  much  feedback 

can  be  used  and  what  will  be  the 
resulting  stabilization?  A loss 
of  6 db  can  be  tolerated,  there- 
fore at  this  value  along  the 
base  locate  the  diagonal  line 
corresponding*  to  the  feedback 


factor;  this  is  0.8.  To  find  the 
stabilization,  locate  the  intersec- 
tion of  this  feedback  factor  line 
with  the  heavy  curve;  call  it 
point  P.  Drop  from  P to  the  ab- 
scissa and  move  along  the  num- 
ber of  db  corresponding  to  the 
variation  of  gain  without  feed- 
back. Return  upward  to  a new 
intersection  with  the  heavy 
curve,  point  P'.  The  difference 
measured  along  the  side  (ordi- 
nate) of  the  chart  between  P and 
P'  gives  the  variation  in  gain 


LOSS  OF  GAIN  DUE  TO  FEEDBACK  IN  DB 
VARIATION  OF  GAIN  WITHOUT  FEEDBACK,  IN  OB 
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with  feedback.  For  this  ex- 
ample the  gain  will  vary  with 
feedback  from  —3.8  to  -f-2  db. 
Insert  (A)  shows  construction. 

An  interesting  and  usual  prob- 
lem arises  when  the  actual  varia- 
tion of  gain  and  the  acceptable 
variation  are  given,  and  the 
amount  of  feedback  required  to 
produce  this  stabilization  is  to 


be  found.  Without  the  chart 
such  a problem  entails  consider- 
able calculation;  with  the  chart 
it  is  simple.  As  shown  in  insert 
(B),  the  actual  and  acceptable 
variations  are  marked  in  from 
the  corner  of  a sheet  of  paper, 
farming  points  P and  P\  The 
edges  of  this  sheet  are  then  kept 
parallel  to  the  coordinates  of  the 


chart  and  the  sheet  moved  until 
both  P and  P'  lie  on  the  heavy 
curve,  which  they  will  at  one 
point  if  the  required  stabiliza- 
tion is  obtainable.  Point  P is 
then  at  the  intersection  with  the 
required  feedback  factor.  As 
before,  the  loss  in  gain  is  given 
at  the  intersection  of  this  diag- 
onal with  abscissa,  as  in  (A). 


Combining  Sound  Levels 

Simple  nomogram  dispenses  with  the  need  for  log  tables,  decibel  tables  or  a slide  rule 
when  determining  the  total  acoustical  power  resulting  from  the  combination  of  two  or 

more  sounds 

By  W.  B.  CONOVER 


Two  OR  MORE  SOUNDS  combine 
to  give  a total  sound  whose 
acoustical  power  is  the  sum  of 
the  power  involved  in  the  indi- 
vidual components.  Since  sound 
levels  are  expressed  in  decibels, 
the  sound  level  of  each  compo- 
nent must  be  converted  to  its 
corresponding  power  ratio,  added 
to  the  power  ratio  of  the  other 
components,  and  the  total  power 
ratio  reconverted  to  decibels  to 
determine  the  total  sound  level. 

A straightedge  intersecting 
the  outer  scales  of  the  nomogram 
at  positions  corresponding  to  the 
individual  sound  levels  dbj  and 
dba  intersects  the  center  scale  at 
dbi,  which  is  the  total  sound 
level.  For  example,  individual 
sound  levels  of  8 and  10  decibels 
will  be  found  to  give  a total  of 
12.1  decibels. 

Any  two  equal  sound  levels 
combine  to  produce  a sound 
which  is  3 decibels  higher  than 
either  of  them  separately.  Thus 
7.5  db  and  7.6  db  combine  to 
yield  10.5  db;  0 db  and  0 db 
give  3 db. 

It  is  necessary  to  choose  a con- 
venient reference  level  such  that 
the  individual  components  are 
within  10  db  of  it.  Thus,  for  the 


total  of  62  db  and  67  db,  a refer- 
ence level  of  60  db  is  chosen. 


Since  the  components  are  2 and  7 
db  above  this  reference,  the  re- 
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sultant  8.2  db  given  by  the  nom- 
ogram is  added  to  the  reference, 
giving  a total  of  68.2  db. 

When  a difference  of  more 
than  10  db  exists  between  two 
sound  levels,  the  contribution  of 
the  smaller  may  be  neglected. 

Other  Uses 

One  component  of  noise  can  be 
found  when  the  other  component 
and  the  total  noise  are  known. 
This  is  useful  in  correcting 
sound-level  meter  readings  for 


ambient  noise.  For  example,  a 
sound-level  meter  shows  64.5  db 
in  the  neighborhood  of  a certain 
machine  when  it  is  operating, 
and  an  ambient  noise  reading  of 
60  db  when  the  machine  is  turned 
off.  What  is  the  noise  level  at 
the  same  location  due  to  the  ma- 
chine alone?  Choosing  60  db  as 
the  reference  level,  a straight- 
edge is  aligned  with  0 db  (60-60) 
on  the  dbi  scale,  and  4.5  db 
(64.5-60)  on  the  dbr  scale,  giving 
a reading  of  2.6  db  on  the  dbz 
scale.  Adding  this  to  the  refer- 


ence level  of  60  db  results  in  a 
noise  level  of  62.6  db  for  the  ma- 
chine alone. 

When  more  than  two  sound 
levels  are  to  be  combined,  the  to- 
tal of  two  components  is  deter- 
mined and  combined  with  a third 
component,  the  new  total  com- 
bined with  a fourth  component, 
and  so  on.  This  same  process 
may  be  employed  to  determine, 
in  decibels,  the  rms  value  of  a 
complex  voltage  or  current  wave 
when  its  harmonics  are  ex- 
pressed in  decibels. 


High-Fidelity  Response  From  Phonograph 

Pickups 

Basic  requirements  for  high-fidelity  phonograph  reproduction  are  discussed  briefly. 
Ways  of  introducing  feedhack  to  compensate  for  nonlinearity  in  inexpensive  crystal 
pickups  are  shown.  Includes  typical  curves  for  various  feedback  networks 


ONE  CLASSIFICATION  of  Sound 
divides  its  components  into 
two  groups,  pure  tones  and  complex 
sounds.  To  be  classified  as  a true 
high-fidelity  sound-reproducing  sys- 
tem, an  amplifier  and  its  associated 
components  must  be  capable  of  re- 
producing both  the  pure  and  the 
complex  sound  components  exactly 
as  to  pitch  and  intensity,  and  its 
output*  must  be  free  from  new  fre- 
quencies introduced  by  intermodula- 
tion or  harmonic  distortion  in  any 
part  of  the  system. 

Intermodulation  is  defined  as  the 
production  of  frequencies  equal  to 
the  sum  and  difference  of  integral 
multiples  of  two  or  more  of  the  fre- 
quencies transmitted  to  a system. 
Any  resonance  in  a system  will  pro- 
duce nonlinear  or  intermodulation 
distortion,  unless  suitable  compen- 
sation is  provided. 

Resonance  can  occur  in  any 
mechanical  system  containing  in- 
ertia and  elasticity.  The  effect  of 
a constant  driving  force  applied  to 


By  ELWIN  J.  O’BRIEN 

an  electroacoustic  device  where 
resonance  is  present,  such  as  a crys- 
tal pickup,  is  to  produce  transient 
complex  vibrations.  These  vibra- 
tions, in  the  presence  of  inherent 
nonlinearity,  beat  with  the  periodic 
vibrations  of  the  music  to  produce 


discordant  sounds. 

Additional  transient  vibrations, 
those  which  produce  annoying  sur- 
face noise,  are  caused  by  granul?r 
irregularities  in  records.  These 
random  irregularities  will  produce 
transient  oscillations  if  there  is  any 


TIG.  1 — ^Relative  yoltoge  output  curves  for  typical  crystal  pickups  without  feedbock, 
and  equivalent  circuit  for  input  section  of  a typicol  amplifier 
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resonance  in  the  pickup  arm  or  the 
pickup  itself,  and  again,  in  the  pres- 
ence of  nonlinearity,  intermodula- 
tion products  will  be  generated  and 
the  surface  noise  voltages  will  be 
increased. 

Typical  unequalized  response 
curves  for  two  popular  crystal  pick- 
ups as  obtained  from  an  ideal 
lateral  test  record  are  shown 
in  Fig.  1 along  with  the  equivalent 
circuit  of  the  ideal  unit.  The  ideal 
crystal  pickup  would  be  equivalent 
at  audio  frequencies  to  a zero  im- 
pedance generator  in  series  with  a 
capacitor  and  would  have  a fre- 
quency response  for  a constant 
needle  amplitude  that  decreases  at 
the  rate  of  6 db  per  octave. 
Actually,  however,  inherent  reso- 
nance causes  high  voltages  to  be 
generated  in  the  pickup  itself  and 
its  arm  at  certain  frequencies. 

Negative  feedback  applied  to  the 
pickup  circuit  will  reduce  this  reso- 
nance. Each  of  the  two  general 
t3T)es  of  feedback,  voltage  and  cur- 
rent, tend  to  make  the  voltage  out- 
put a replica  of  the  signal  voltage, 
but  their  effects  on  the  impedance 
of  the  circuit  are  different.  Voltage 
feedback  lowers  the  internal  imped- 
ance of  an  amplifier,  while  current 
feedback  raises  the  impedance. 

Feedback 

The  voltage  amplification  with 
voltage  feedback  is  A,  = A/(l 
—Ap)  where  A is  amplification 
without  feedback  and  ^ is  the  frac- 
tion of  the  output  voltage  intro- 
duced in  the  input  of  the  amplifier. 
If  the  amplitude  of  the  feedback 
factor  p is  made  a function  of  fre- 
quency, the  amplification  Ar  with 
feedback  will  also  be  variable  with 
frequency. 

It  is  therefore  possible  to  use 
negative  feedback  as  an  equalizer 
for  a phonograph  pickup.  If  all 
the  low  frequencies  below  the  turn- 
over are  attenuated  equally  by 
about  25  db  and  the  frequencies 
above  the  turnover  are  allowed  to 
increase  at  the  rate  of  6 db  per 
octave  we  should  have  a perfect 
crystal  phonograph  pickup  equa- 
lizer. 


Considering  the  above  principle, 
the  phonograph  amplifier  circuit 
shown  in  Fig.  2 was  developed  ex- 
perimentally for  an  Astatic  LP-23 
or  a Brush  PL-20  cartridge. 

This  amplifier,  using  both  voltage 
and  current  feedback,  includes  the 
pickup  impedance  in  the  feedback 
loop.  Calculations  for  gain  and  in- 
put admittance,  using  the  equiva- 
lent circuit  shown  in  Fig.  3,  are 
shown  in  Table  I along  with  tabu- 
lated results  for  several  frequencies. 
It  can  be  seen  that  the  gain  above 
500  cycles  increases  at  the  rate  of 
about  6 db  per  octave  and,  since  the 
amplitude  on  typical  test  records 
drops  off  at  this  rate,  a flat  voltage 
output  would  be  expected  when 
making  frequency  response  tests. 

Input  Impedance 

Table  I shows  that  the  input 
impedance  Zm,  shown  dotted  in  Fig. 
3,  can  be  represented  by  a resistor 
of  approximately  1,500  ohms  and  a 
capacitor  of  approximately  0.5  ixf 
across  the  pickup,  forming  a capaci- 
tance voltage  divider  with  the 
capacitance  of  the  crystal  pickup 
(Fig.  3).  This  nullifies  the  effect 
of  the  crystal  capacitance  on  the 


grid  voltage  when  used  in  the 
normal  manner.  The  output  voltage 
of  the  feedback  amplifier,  then,  is 
proportional  to  the  velocity  of  the 
modulated  groove,  making  the  re- 
sultant pickup  response  equivalent 
to  a magnetic  pickup  above  the 
turnover  point.  The  increasing 
variable  capacitance  with  decreas- 
ing frequency  below  the  turnover 
point  also  produces  a constant  volt- 
age over  this  portion  of  the  fre- 
quency range.  These  two  effects 
produce  a flat  frequency  response 
over  the  whole  range. 

The  low  impedance  placed  across 
the  pickup  also  has  the  effect  of 
damping  out  any  natural  resonance 
in  the  pickup,  causing  the  needle  to 
follow  the  groove  without  extra  os- 
cillation. The  high  damping  has 
the  effect  of  reducing  surface  noise 
by  preventing  the  forced  natural 
oscillation  of  the  needle  when  an 
irregularity  in  the  record  groove 
has  been  struck. 

In  order  to  appreciate  fully  the 
high-fidelity  results,  a listening 
demonstration  of  the  circuit  is  de- 
sirable. However,  the  frequency 
response  must  be  adjusted  by  play- 
ing a calibrated  test  record,  since 


Table  I — Calculations  for  gain,  voltage  input  to  second  stage,  and 
input  impedance,  and  tabulated  results  for  feedback  circuits 


Ar  = 


Voltage  Gain  Calculation^ 

—hZl 

^J>  + (m  + 1)  -|-  (1  Zl 

where  Zz,  = RiItoi/iRL  -f  Rot) 

0 = Za/(Z  a Zr) 

Z a = — J A cpR  ai/ 

(R  a\  — j X cf) 
and  Zr  = Rr  — j XccRi/ 

(Ri  — j Xcc) 

then  /S  = 

~ j Xcp  Ray/  (Roi  ~ j Xcp) 


Input  admittance  Calculations^ 

Y,s  = Yr  [(Yo  + gm)/(Yo  -1-  Yr)] 

where  Yp  = 1/Zr 

Yo  = 1/Rl  -f*  1/rp 

and  Qm  is  the  transconductance  of  the 
tube 


Yj^  = 


1 

Zr 


r J_ 

Rl 


+ 


+ gv 


L r„  ^ Zr  J 


- J 


X cpR  01 
Roi  — j Xcp 


-{•Rr  — j 


XccRi 
Ri—j  Xcc 


Frequency 

Gain  With 
Feedback 

Voltage  and  Input  Admittance  at 
Amplifier  Grid 

Eo  Zis  in  /if 

100 

0.818 

0.00143  133.8" 

l,265-yi,890 

0.843 

500 

0.827 

0.00437  |70.4° 

l,310-y466 

0.682 

1,000 

0.832 

0.00788  |78.6° 

l,230-y247 

0.643 

5,000 

0.888 

0.0592  |78.6° 

l,880-y79 

0.4  . 

10,000 

1.000 

0.118  |89° 

l,880-y32 

0.497 
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FIG.  2 — Typicol  schematic  diagram  for  phono  input  circuit  em- 
ploying feedback 


FIG.  3 — ^Equivalent  circuit  for  first  stage  of  amplifier  shown  in 
Fig.  2 


an  adjustment  by  ear  alone,  because  low-frequency  boost  can  be  removed  curve  may  be  obtained  by  a varia- 

of  listening  habits,  will  seldom  give  by  decreasing  the  value  of  the  1-  tion  of  the  feedback  network.  The 

a flat  frequency  response.  megohm  capacitor  shunt  in  the  results  shown  in  5B  were  obtained 

It  is  possible  to  equalize  almost  feedback  network.  Fig.  4B  shows  with  increased  amounts  of  feedback 

any  of  the  commercial  permanent-  a similar  circuit  used  with  a Brush  and  can  be  classed  as  equalization 

sapphire-needle  crystal  pickups  to  PL-20  pickup.  Both  of  these  cir-  by  control  of  input  admittance, 

a flat  response  over  the  frequency  cuits,  because  of  the  relatively  small  If  the  new  Astatic  QT-j  cartridge 

range  of  30  to  10,000  cycles  and  amount  of  feedback,  can  be  classed  with  removable  sapphire  needle  is 

have  only  a relatively  small  amount  as  selective  feedback  equalizers.  used  the  feedback  resistance  should 
of  noise  present.  The  old  model  feedback  on  a mag-  reduced  as  shown  in  Fig.  5C. 

removable-needle  types  are  more  netic  pickup  may  be  seen  in  Fig.  4C  increased  amount  of  feedback  is 

diflScult  to  equalize  and  damp  critic-  together  with  the  GE  phonograph  necessary  to  remove  the  3,000  to 

ally  because  of  the  increased  inertia,  preamplifier  schematic  diagram.  5,000-cycle  resonance  peak  intro- 

For  a typical  measure  of  the  solid  curve  is  the  normal  ampli-  duced  in  the  pickup  to  improve  the 

flexibility  of  feedback  as  an  fier  response  with  the  GE  pickup,  normal  frequency  response  of  the 

equalizer,  the  following  experi-  while  the  dotted  curve  was  obtained  cartridge.  This  boost  is  not  desir- 

mental  data  are  presented : with  the  dotted  feedback  network  able  when  feedback  equalization  is 

The  original  circuit  as  used  with  connected  and  the  180,000-ohm  re-  used.  From  these  curves  it  can  be 

an  Astatic  HP-36  crystal  phono-  sistor  shorted.  seen  that  the  frequency  response  of 

graph  pickup  using  the  LP-23  cart-  The  curves  of  Fig.  5 show  that  the  circuit  is  essentially  inde- 

ridge  is  shown  in  Fig.  4A.  The  practically  any  shape  of  response  pendent  of  pickup  type  or  manu- 


FIG-  4 — Input  circuits  for  several  popular  pickup  types  using  feedback,  with  associated  response  curves 
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facturer,  provided  the  internal 
capacitance  of  the  pickups  is  low 
compared  to  the  input  capacitance 
of  the  tube  circuit. 
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FIG.  5 — Typical  curves  for  different  types  of  feedback  networks,  including  one  suit- 
able for  a magnetic  pickup 


Pickup  Placement 

Equations  for  determining  best  mounting  position  for  tone  arm  for  use  with  records 
having  groove  radii  other  than  those  for  which  arm  is  intended 

By  B.  B.  BAUER 


Phonograph  equipment  design- 
ers are  confronted  with  three 
distinct  problems  pertaining  to  the 
geometry  of  phonograph  arms. 

The  first  of  these  is  the  design  of 
arms  to  provide  the  least  tracking 
error  distortion  on  records  of  given 
dimensions  with  an  arm  of  given 
length,  or  given  distance  between 
mounting  centers. 

The  second  problem  deals  with 
the  design  of  arms  where,  as  an 
additional  restriction,  the  arm  must 
overhang  or  underhang  the  center 
of  the  record  by  a specified  amount, 
as  in  record  changers,  in  order  to 


assist  the  functioning  of  the  trip- 
ping mechanism.  In  this  instance, 
with  a stated  amount  of  overhang 
(or  underhang)  and  a given  arm 
length,  or  mounting-centers  dis- 
tance, it  is  desired  to  determine  the 
offset  angle  of  the  pickup  head  to 
produce  the  least  possible  tracking- 
error  distortion. 

The  third  problem  is  that  of  find- 
ing the  best  position  for  mounting 
an  existing  arm  with  respect  to 
records  of  groove  radii  other  than 
those  for  which  it  was  originally 
designed. 

If  an  existing  arm  having  length 


Z and  offset  angle  ^ is  to  be  placed 
with  respect  to  a record  of  groove 
radii  n and  to  produce  the  least 
distortion  possible,  the  correspond- 
ing overhang  D (or  underhang 
—D)  may  be  determined  by  finding 
Po  and  Pi  and  then  using  Eq.  3 if 
P ^ pi,  Eq.  A if  Pi  < p < po  and 
Eq.  5 if  ^ Po. 


'•ll 

) 

Pi  = 


(2) 
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If  a new  arm  of  length  I is  de- 
signed to  providp  the  least  distor- 
tion possible  with  a given  overhang 
D (or  underhang  —D),  the  corres- 
ponding offset  angle  may  be  de- 
termined by  finding  Do  and  and 

then  using  Eq.  8 if  D ^Di,  Eq.  9 
if  Dt  < D < Do,  and  Eq.  10  if 
D ^ Do. 


Do  = 


(6) 


Di  = 


(7) 


Diagram  of  typical  phonograph  layout 


P = 


°(4+4)+ 

(4+4) 


If  a new  arm  is  designed  to  have 


= 2{ 


\ 

2D* 

V ri* 


^ 1) 


(8) 

a length  1 and  to  provide  minimum 
tracking-error  distortion  over  a 
range  of  groove  radii  from  ri  to  r„ 

(9) 

optimum  offset  angle  and  overhang 

r» 

may  be  found  by  using  Eq.  1 and 

(10) 

Eq.  6. 

n 

When  d is  given  instead  of  1,  the 

If  distance  d is  given  instead  of 
length  I,  find  I = d + D,  and  pro- 
ceed as  before. 

All  linear  dimensions 
are  given  in  inches,  and  angles  are 
measured  in  radians. 


overhang  Do  may  be  found  from 
the  following  equation : Do  = 

11/2  d 


Find  from  Eq.  1 remembering 
that  I = d + Do. 


Versatile  Tone  Control 


Treble  and  bass  frequencies  are  independently  boosted  or  attenuated  in  steps  to  provide 
121  different  response  curve  combinations  for  reproduction  of  speech  or  music.  Gain  at 
500-cycle  crossover  is  automatically  held  constant  by  switching  in  cathode  followers 


The  tone  control  described 
here  originated  largely  with  a 
desire  to  compensate  for  the  limita- 
tions of  recording  techniques.  With 
it,  treble  frequencies  can  be  boosted 
or  suppressed,  and  bass  frequencies 
can  be  similarly  treated  independ- 
ently, all  in  small  steps. 

The  bass  and  treble  controls  each 
provide  sharp  rise  or  fall  starting 
at  500  cycles  or  any  other  crossover 
frequency  chosen.  Bass  control 
produces  no  substantial  effect  above 
crossover,  and  treble  control  pro- 


By  WILLIAM  B.  LURIE 

duces  no  substantial  effect  below. 

The  rising  or  falling  slope  is  adjust- 
able in  steps  of  one  db  per  octave  up 
to  a maximum  of  5 to  7 db  per 

octave.  The  overall  volume  level  at 
the  crossover  frequency  is  un- 
changed by  applying  any  bass  or 

treble  compensation,  or  by  applying 
both  simultaneously.  All  frequency- 
determining components  are  resis- 
tances or  capacitances.  All  curves 
flatten  off  above  10  kc  and  below  25 
cycles. 


R-C  Networks 

Selective  frequency  boost  is 
achieved  by  attenuating  one  group 
of  frequencies  and  readjusting  the 
overall  level  with  flat  amplifiers.  The 
basic  R-C  networks  used  for  this 
purpose  are  shown  in  Fig.  1,  along 
with  the  networks  used  primarily 
for  attenuation. 

Treble  boost  (Fig.lA)  is  obtained 
with  a.  bass  attenuation  network 
having  a gradual  drop  near  the 
crossover  and  a sharp  flattening  off 
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at  the  lower  frequencies.  When 
this  curve  is  slid  up  the  frequency 
axis  until  the  sharp  bend  reaches 
ttie  crossover  frequency,  it  becomes 
treble  boost. 

Treble  attenuation  (Fig.  IB) 
gives  an  abrupt  drop  near  the  cross- 
over frequency  and  a smooth  flatten- 
ing off  at  higher  frequencies. 

Bass  boost  (Fig.  1C)  is  obtained 
with  a treble  attenuation  network 
having  a gradual  drop  near  the 
crossover  and  a sharp  flattening  off 
at  the  higher  frequencies.  When 
this  curve  is  in  effect  slid  along  the 
frequency  axis  until  the  sharp  bend 
occurs  at  the  crossover  frequency, 
it  becomes  bass  boost. 

Bass  attenuation  (Fig.  ID)  gives 
an  abrupt  drop  near  the  crossover 
frequency  and  a smooth  flattening 
off  at  lower  frequencies. 

Any  desired  crossover  frequency 
may  be  achieved  by  selection  of  re- 
sistance and  capacitance  values  for 
the  R-C  networks.  For  example, 
doubling  all  indicated  resistance 
values  without  changing  the  capaci- 
tances will  shift  the  entire  curve 
toward  lower  frequencies  by  a 
factor  of  two.  Doubling  all  capaci- 
tances produces  the  same  effect, 
while  decreasing  resistances  or 
capacitances  or  both  shifts  the 
curve  bodily  toward  higher  fre- 
quencies. 

The  impedance  any  network  pre- 
sents may  be  altered  by  a factor  N, 
without  altering  the  frequency  re- 
sponse curve,  by  multiplying  all 
resistance  values  by  N and  at  the 
same  time  dividing  all  capacitances 
by  N. 

Complete  Circuit 

The  final  tone  control  circuit  is 


shown  in  Fig.  2,  along  with  the  re- 
sponse curve  combinations  obtain- 
able and  the  control  switch  settings 
for  each.  Since  all  the  required 
compensation  cannot  satisfactorily 
be  provided  in  variable  form  in  one 
network  section,  composite  net- 
works consisting  of  three  such  sec- 
tions in  tandem  or  cascade  are  used 
for  bass  and  treble  attenuation, 
with  provisions  for  tapping  the 
composite  network  at  the  desired 
points. 

The  succeeding  sections  in  any 
one  network  increase  in  impedance 
by  a factor  of  four  or  five  each  time, 
so  that  succeeding  sections  do  not 
furnish  loading  which  would  alter 
the  frequency  response  characteris- 
tics of  preceding  sections. 

Because  of  the  nature  of  the  basic 
bass  boost  section,  the  building  up 
of  a network  from  several  such  sec- 
tions would  add  many  bulky  com- 
ponents. Instead,  therefore,  a 
switching  arrangement  was  devel- 
oped wherein  three  sections  of  1.4, 
2.8,  and  2.8-db  boost  per  octave 
were  combined  successively  to  give 
in  turn  1.4,  2.8,  4.2,  5.6,  and  7-db 
boost  per  octave.  The  same  system 
is  employed  for  treble  boost,  and 
the  network  sections  again  increase 
in  impedance  as  they  are  added. 

Two  six-pole  eleven-position 
switches  are  required.  The  five 
positions  of  boost  and  the  five  posi- 
tions of  attenuation  are  wired  to 
one  switch  for  each  frequency 
range,  along  with  a neutral  position 
in  which  no  bass  or  treble  alteration 
occurs.  Continuous  control  is  not 
provided,  but  small  enough  steps 
make  the  action  gradual  as  the 
switches  are  rotated. 


The  overall  result,  then,  is  to  have 
one  switch  for  bass,  giving  from  7 
db  of  boost  per  octave  to  5 db  of  sup- 
pression per  octave  in  ten  steps,  and 
one  switch  for  treble,  giving  from 
5-db  boost  per  octave  to  6-db  reduc- 
tion per  octave  in  ten  steps,  with 
no  interaction  between  controls. 
The  words  per  octave  here  refer  to 
the  number  of  octaves  displacement 
from  500  cycles. 

In  order  to  achieve  a constant 
volume  level  at  the  crossover  fre- 
quency, a stepping  gain  control  was 
added,  ganged  to  the  bass  and  treble 
switches,  in  the  cathode  circuits  of 
two  cathode  followers.  In  this  way, 
the  proper  amount  of  input  signal 
is  chosen  for  each  position  of  the 
selector  switch  in  order  that  the 
gain  at  500  cycles  may  remain  con- 
stant. In  practice,  this  is  easily 
achieveable  within  one  db  if  care  is 
taken  in  selecting  components. 

Cathode  Followers 

The  cathode  followers  serve  the 
main  purpose  of  transforming  a 
high-impedance  input  signal  down 
to  a low  impedance  so  that  the  net- 
works may  begin  at  low  impedance 
and  build  up  as  described.  It  has 
been  found  that  stray  coupling  be- 
tween high-impedance  networks  can 
seriously  alter  the  ideal  frequency 
response  curves.  With  capacitance 
values  all  larger  than  400  micro- 
microfarads, a small  unintended 
coupling  capacitance  (on  a switch 
wafer,  for  example)  will  not  pro- 
duce a noticeable  effect  on  the  tone. 

Amplification  must  be  provided 
(not  necessarily  within  the  tone  con- 
trol) in  order  to  re-establish  the 
original  volume  level.  At  the  same 


F'lG.  1 — Typical  R-C  networks  used  in  tone  control  ior  boosting  and  attenuating  audio  signals.  Taps  on  attenuation  network  provide  hall 

the  indicated  effect 
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FIG.  2 — Complete  tone  control  system.  When  inserted  in  an  audio  amplifier,  its  overall  gain  is  zero  at  the,  500-cycle  crossover  fre- 
quency. The  inset  tables  give  the  positions  of  the  contact  arms  of  the  two  six-pole  eleven-position  control  switches  to  provide  the  indicated 
bass  and  treble  control  curves.  Treble  curves  were  taken  with  bass  control  at  B6  (neutral),  and  bass  curves  with  treble  control  at  T6 


time,  it  is  advisable  to  amplify  and 
then  again  transform  down  to  low 
impedance  between  the  bass  and 
treble  controls.  This  serves  the 
added  purposes  of  isolating  the  bass 
and  treble  components  electrically 
and  keeping  either  from  operating 
at  too  low  a voltage  level.  All  these 
networks  are  bound  to  have  inser- 
tion loss  at  any  frequency,  and  a 
total  of  40  db  of  attenuation  at  60 
or  120  cycles  (as  provided  by  bass 
suppression  and  treble  boost,  before 
re-establishment  of  the  500-cycle 
level)  could  push  the  signal  into  the 
heater-to-cathode  hum  voltage  level. 

Amplifier  Design 

Choice  of  tubes  for  this  tone  con- 
trol proved  somewhat  vexing.  The 
6SL7  twin  high-mu  triode  would 
have  been  most  convenient,  but  even 


a 6SL7W  proved  to  be  usually  too 
microphonic,  and  always  toe  rich  in 
hum  introduced  through  the  heater 
circuit.  The  6SN7  does  not  have 
enough  gain;  the  6SC7  has  only 
one  external  cathode  lead.  The  6SF5 
high-mu  triode  was  found  to  be 
available  and  free  from  hum  in  a 
sufficient  number,  and  so  this  type 
was  decided  upon. 

In  the  amplifier  stages,  cathode 
resistors  were  left  unbypassed  to 
make  the  neutral  amplification 
curve  as  fiat  as  possible,  at  the  sac- 
rifice of  some  gain.  A total  of  12  db 
more  of  gain  may  be  obtained  by 
suitable  bypassing  of  these  two 
resistors.  All  plate  supply  circuits 
must  be  decoupled  as  shown,  and  all 
blocking  capacitors  must  be  large 
enough  so  that  low  frequencies  are 
not  attenuated. 


The  input  signal  level  must  be  low 
enough  so  that,  after  boosting, 
neither  the  bass  nor  the  treble  sig- 
nal will  overload  either  level-restor- 
ing amplifier.  A gain  control  is 
therefore  provided  directly  at  the 
input  to  the  tone  control.  This  is 
not  intended  as  a main  gain  control 
for  the  entire  control  and  program 
amplifier  combination,  but  as  an 
auxiliary  which  may  be  set  accord- 
ing to  the  maximum  level  of  the  in- 
coming signal. 

In  commercial  recording,  com- 
pression takes  place  before  the 
mechanical  limitations  of  recording 
techniques  produce  their  tone-modi- 
fying effects.  Therefore,  the  tone 
control  should  be  used  before  a 
volume  expander.  This  also  lessens 
the  danger  of  overloading  the 
amplifiers  in  the  tone  control. 
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FIG.  3 — Method  used  for  testing  individual  R-C  networks  and  complete  tone  control  system 


Construction  and  Testing 

All  parts  were  selected,  using  a 
resistance  bridge  and  a capacitance 
bridge,  from  stock  i-watt  resistors 
in  RMA  sizes  and  stock  capacitors. 
In  many  cases  resistance  values 
were  changed  slightly  from  nominal 
values  shown  in  order  to  achieve  a 
smooth  consistent  family  of  curves. 

Assembly  may  be  along  lines  con- 
ventional for  low-level  audio  cir- 
cuits. Compactness  was  achieved 
by  wiring  virtually  all  the  resistors 
and  capacitors  on  the  two  switches 
before  installing  the  switches  on 
the  chassis.  The  tone  control  with 
its  two  switches,  four  tubes,  a spare 
selected  6SF5  tube  and  a 3-tube 
a-m  tuner  were  assembled  on  a 
9xll-inch  chassis,  .the  audio  ampli- 
fier and  power  supply  being  remote. 

Checking  Response  Curves 

A testing  method  was  evolved  for 
this  type  of  work,  which  eliminated 
disturbing  effects  due  to  such  fact- 
ors as  voltmeter  frequency  response, 
loading,  signal  generator  variations, 
and  distortion.  As  shown  in  Fig.  3, 
an  audio  oscillator  with  load  re- 
sistor was  fed  to  the  input  of  the 
tone  control,  across  which  an  elec- 
tronic voltmeter  was  placed.  The 
linear  db  scale  on  the  Ballantine 
voltmeters  simplified  measure- 
ments since  all  data  could  be  ob- 
tained directly  in  decibels  and 
plotted  immediately ; any  odd  points 


could  be  immediately  investigated. 

Each  network  was  tested  individ- 
ually, after  which  the  entire  tone 
control  was  tested  as  a unit. 

The  output  from  the  last  6SF5 
was  transformed  down  to  low  im- 
pedance in  an  auxiliary  cathode  fol- 
lower (6J5)  and  another  voltmeter 
was  placed  across  the  cathode 
follower  cathode  resistor.  The  oscil- 
lator was  set  for  500  cycles,  its  out- 
put set  for  midscale  (10  db)  on  the 
input  monitor  meter,  and  the  input 
gain  control  adjusted  for  midscale 
(10  db)  on  the  output  meter,  on  the 
1 volt  scale. 

Precautions 

Any  change  in  oscillator  output  as 
frequency  was  changed  was  elimi- 
nated by  always  adjusting  the  oscil- 
lator output  control  so  that  the 
input  meter  read  10  db.  A series  of 
measurements  was  taken  by  setting 


the  frequency,  setting  the  oscillator 
output,  and  recording  the  output 
reading  in  db  as  the  treble  or  bass 
control  was  varied  throughout  its 
range.  The  tone  control  net  effect 
is  the  output  reading  in  db  minus 
10. 

Great  care  must  be  taken  in  plan- 
ning this  type  of  measurement  since 
it  is  easy  to  overlook  a cable  lumped 
capacitance,  which  will  change 
beyond  recognition  an  otherwise  de- 
sirable curve.  It  is  also  advisable 
to  monitor,  on  a good  oscilloscope 
or  harmonic  analyzer,  the  audio  out- 
put from  the  tone  control,  to  avoid 
recording  false  readings  due  to 
overloading  and  consequent  wave- 
form distortion. 

The  author  wishes  to  express  ap- 
preciation to  Dr.  Hugh  F.  Gin- 
gerich,  to  whom  credit  for  the  basic 
network  design  is  due. 


Background  Noise  Suppressor 


High-frequency  noise  is  bypassed 
in  the  absence  of  high-frequency 
signals  by  a reactance-tube  circuit, 
but  when  desired  high-frequency 
audio  signals  are  present,  a dis- 
abling network  renders  the  bypass- 
ing circuit  inoperative.  The  sup- 
pressor can  be  used  to  remove  rec- 
ord surface  noise  and  noise  intro- 
duced by  the  phonograph  pickup. 
Under  such  conditions,  h-f  audible 
noise  is  constant  and  readily  deter- 
mined. During  reproduction  of 


quiet  passages,  noise  is  objection- 
able and  therefore  is  suppressed. 
However,  during  passages  when  h-f 
signals  of  appreciable  amplitude 
are  present,  noise  is  sufficiently  be- 
low the  reproduction  level  to  be  un- 
objectionable. A two-tube  circuit 
acts  to  suppress  background  noise 
during  such  quiet  passages,  but  to 
pass  desired  high  frequencies  if 
they  are  present  at  amplitudes 
above  the  noise  level.  The  circuit 
is  similarly  applicable  in  any  audio 


channel  in  which  the  noise  level  is 
constant. 

Disabling  Circuit 

In  the  accompanying  circuit  dia- 
gram, a crystal  phonograph  pickup 
delivers  a signal  to  the  output.  A 
circuit  associated  with  the  6SG7 
provides  capacitive  reactance  be- 
tween output  and  ground,  which, 
in  conjunction  with  series  resistor 
Ri,  acts  as  a low-pass  filter.  The 
circuit  associated  with  the  6SQ7 
acts  to  gate  the  reactance  tube,  de- 
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Reoctonce  tab*  6SG7  bypoues  hi«h-ir»- 
queney  nobM.  Goting  tube  6SQ7  dUoblee 
the  shunting  action  of  the  reoctonce  tube 
when  h-f  signols  ore  present 

creasing  its  capacitance  to  ground 
in  the  presence  of  high  frequencies 
to  the  left  of  Ri. 

A resistance-capacitance  divider 
so  proportioned  that  it  passes  only 
high  frequencies  feeds  the  grid  of 
the  6SQ7.  Likewise  the  bypassing 
capacitor  for  the  self -biasing  cath- 
ode resistor  of  the  6SQ7  is  propor- 
tioned to  shunt  only  high  frequen- 
cies so  that  the  triode  is  degener- 
ated for  low  frequencies  but 
amplifies  high  frequencies.  Also 
the  diode-section  anode  of  the  6SQ7 
is  driven  from  the  triode-section 
anode  through  a high-pass  resis- 
tance-capacitance network.  These 
three  high-pass  R-C  networks  pass 
only  frequencies  above  approxi- 
mately 600  cps  to  the  rectifier. 

The  diode  section  of  the  6SQ7 
develops  a direct-current  bias  that 
disables  the  reactance  tube  in  the 
presence  of  high  frequencies.  To 


delay  the  disabling  action  until  the 
h-f  amplitude  exceeds  the  noise 
level  (that  is,  until  wanted  signals 
are  present),  the  cathode  resistor 
of  the  6SQ7  is  made  quite  large, 
the  exact  magnitude  depending  on 
the  noise  level  into  the  channel. 
The  diode  charges  a capacitor  in 
the  grid  circuit  of  the  6SQ7  to 
provide  a negative  biasing  poten- 
tial that  reduces  the  tube’s  gain 
in  the  presence  of  frequencies 
above  about  600  cps  and  at  intensi- 
ties higher  than  the  noise  level 
below  which  quieting  is  required 
and  in  proportion  to  the  amplitude 
of  these  signals. 

Electronic  Low-Pass  Filter 

Resistance  Rx  and  vacuum  tube 
6SG7  constitute  a low-pass  filter 
of  variable  cut-oif  frequency.  Ca- 
pacitor Cl  is  a coupling  capacitor, 
and  Ca  is  a feedback  coupling  from 
anode  to  grid  to  enhance  the  reac- 
tive eifect  of  the  6SG7  at  higher 
frequencies.  Furthermore,  the  ca- 
pacitor between  screen  and  cathode 
is  small  so  that  at  low  frequencies 
the  gain  of  the  pentode  is  degen- 
erated by  its  screen,  but  at  high 
frequencies  the  screen  is  held  at 
ground  potential,  permitting  nor- 
mal tube  gain.  The  capacitance 
(as  distinguished  from  capacitive 
reactance)  of  the  tube  is  thus  a 
function  of  frequency. 

In  addition,  the  gain  of  the 
6SG7  is  controlled  by  the  gating 
action  of  the  disabling  circuit  so 
as  to  adjust  the  h-f  shunting  effect 
of  the  tube.  The  time  constant 
of  the  grid  biasing  circuit  is  rela- 
tively short  so  that  disabling  bias 
can  be  rapidly  applied  and  as 


quickly  removed. 

Although  the  switching  action  is 
so  fast  as  to  be  substantially  im- 
perceptible to  the  human  ear,  the 
control  action  is  relatively  slow 
compared  to  the  period  of  the  fre- 
quencies being  gated  so  that  there 
is  negligible  distortion. 

Coupling  resistance  R^  between 
the  disabling  circuit  and  the  re- 
actance circuit  serves  two  purposes. 
It  is  made  sufficiently  small  so  that 
the  apparent  level  of  the  output 
from  the  complete  suppressor  cir- 
cuit is  not  appreciably  changed  as 
the  reactance  tube  becomes  more 
or  less  capacitive.  In  addition, 
Ra  with  Cl  acts  as  the  usual  tone 
compensating  network  used  with 
crystal  phonograph  pickups  to  re- 
duce the  midfrequencies  in  pro- 
portion to  the  reduction  of  low 
frequencies  provided  by  resistor 
Rz» 

Should  cathode  bias  be  neces- 
sary in  the  reactance  tube,  the 
screen  bsrpass  capacitor  is  grounded 
instead  of  being  connected  to  the 
cathode.  Furthermore,  the  cath- 
ode bypass  capacitor  is  made  small 
as  that  at  low  frequencies  there 
is  cathode  degeneration.  The  re- 
sult is  that  the  impedance  of  the 
reactance  tube  to  low  frequencies 
is  very  high  and  to  high  frequen- 
cies is  quite  low  in  the  absence  of 
a disabling  bias  from  the  gating 
circuit.  Usual  precautions  of  h-f 
circuits  should  be  observed  in  the 
layout  and  wiring  of  the  suppres- 
sor. (U.  S.  Patent  2,369,952 
granted  Feb.  20,  1945  to  George  F. 
Devine,  assignor  to  General  Elec- 
tric Co.) 


Improving  Loudspeaker  Response  with 
Motional  Feedback 


A FACTOR  OF  IMPORTANCE  in  de- 
termining the  response  of  loud- 
speakers, and  one  usually  given 
insufficient  consideration  in  design. 


By  ROBERT  1.  TANNER 

is  the  effective  driving  source  im- 
pedance. The  mechanical  system  of 
a loudspeaker  has  the  electrical  ana- 
log^ shown  in  Fig.  1.  This  equiva- 


lent circuit  is  based  on  the  similar- 
ity between  the  differential  equa- 
tions of  motion  for  the  loudspeaker 
and  the  Kirchhoff  circuit  equations 
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for  the  series  resonant  circuit  of 
the  figure.  In  the  analogy  the  mass 
of  the  moving  system  (cone,  voice 
coil,  and  air  load)  is  represented  by 
M,  the  compliance  of  the  suspension 
by  C,  and  the  total  dissipation  (en- 
ergy lost  in  flexing  the  suspension 
plus  energy  radiated)  by  R.  The 
mechanical  constants  of  the  system 
relate  the  velocity  of  motion  to  the 
applied  force  in  a manner  mathe- 
matically identical  to  the  way  in 
which  electrical  circuit  constants 
relate  the  current  to  the  applied 
voltage.  It  is  therefore  possible  to 
write  the  equation. 

F = ZuECH  V 

where  F is  applied  force,  v is 
velocity,  and  Zmech  is  the  mechan- 
ical impedance,  given  in  this  partic- 
uler  case  by 

Zmbch  = R + i M ) 

. The  force  acting  on  the  mechan- 
ical system  is  produced  by  the  flow 
of  current  in  the  voice  coil.  On  the 
other  hand,  motion  of  the  voice  coil 
in  the  magnetic  field  produces  a 
counter  emf  in  the  electrical  circuit 
which  can  be  represented  as  a volt- 
age drop  across  a fictitious  imped- 
ance Zmot  called  the  motional  im- 
pedance. 

From  the  electrical  point  of  view 

iFor  a demonstration  of  this  and  an 
excellent  discussion  of  electro-mechanical 
analogues  see  M.  F.  Gardner  and  J.  L. 
Barnes,  “Transients  in  Linear  Systems”, 
John  Wiley  and  Sons,  New  York,  1942, 
Chapter  II. 


it  is  therefore  possible  to  draw  an 
equivalent  circuit  as  shown  in  Fig. 
2.  In  this  figure  the  amplifier  is 
represented  by  an  equivalent  gener- 
ator E in  series  with  the  effective 
internal  impedance  Zi.  The  loud- 
speaker is  represented  by  the  elec- 
trical impedance  of  the  voice  coil 
Z„  in  series  with  the  motional  im- 
pedance. As  will  be  shown,  Zuot  is 


proportional  to 


and  there- 

Lmech 


fore  has  the  characteristics  of  a 
parallel  resonant  circuit.  It  is  con- 
venient to  lump  Zi  and  Z^c  into  an 
equivalent  driving  source  imped- 
ance Z,.  In  general  Z,  includes 
some  reactance,  but  for  the  fre- 
quency range  of  particular  interest 
the  reactance  is  negligible  com- 
pared to  the  resistance  and  can  be 
ignored. 

A more  precise  understanding  of 
the  effects  of  the  electro-mechanical 


FIG.  1 — Electrical  analog  of  loudspeaker 


coupling  between  the  mechanical 
system  of  the  speaker  and  the  elec- 
trical circuit  of  the  amplifier  and 
voice  coil  can  be  gained  by  consider- 


Table I — ^Mechanical  and  Magnetic  Data  for  Adding  Motional  Feed- 
back to  Amplifier-Speaker  Combination  for  Typical  Loudspeakers 


Speaker 

Type 

Dhuneter 

(inohes) 

Magnet 

Voice  Coil 
Resistance 
(ohms) 

Resonant 

Frequency 

(cps) 

Effective 
Mass 
Including 
Air  Load 
with  Baffle 
(Gram4) 

Com- 
pliance of 
Suspension 
(cm  per 
dyne) 

Mechani- 

cal 

Q 

Magnetic 

Conversion 

Factor 

B»l* 

10» 

CSnaud. 

P8J1 

8 

6.8  oz 
Alnico  V 

6.5 

113 

9.45 

2.1  XIO-J 

15 

3.60X10* 

GE 

S810D 

8 

6 . 8 oz 
Alnioo  V 

3.2 

115 

9.7 

1.98X10-7 

9.6 

1.38X10* 

Unknown 

8 

21  oz 
Alnico  III 

6.5 

118 

9.4 

1.93  X10-’ 

18 

1.82X10* 

Cinaud. 

P6F1 

6 

3 . 16  oz 
Alnioo  V 

2.95 

140 

5.50 

2.35  X10-’ 

17 

6.65X10* 

Unknown 

6 

1.47  oz*^ 
Alnico  V 

2.75 

136 

3.6 

3.78X10-’ 

12 

2.12X10* 

FIG.  2 — Equivalent  circuit  of  loud- 
speaker and  driving  amplifier 


ing  the  following  equations. 

Za  -f-  = B (1) 

Zmbch  v — -jg-  i (2) 

Equation  1 is  the  voltage  equation 
in  the  electrical  circuit.  The  term 


is  the  counter  emf  produced 

by  the  motion  of  the  voice  coil  of 
length  1 cm  in  a magnetic  field  of 
strength  B gauss  with  velocity  v 
cm  per  sec.  Equation  2 is  the  force 
equation  of  the  mechanical  system ; 


the  term  is  the  force  in  dynes 
exerted  by  the  voice  coil  carrying 

1 amperes.  By  solving  for  v in  Eq. 

2 and  substituting  in  Eq.  1 we 
have 


Z,i  -1- 


10®  Zmbch 


i = E 


(3) 


Equation  (3)  is  the  basis  of  the 
equivalent  electrical  circuit  of  Fig. 
2.  The  second  term  on  the  left 


shows  that  Zmot  = 10»  Zmbch  ’ 
confirms  our  earlier  statement  con- 
cerning the  nature  of  Zmot. 

Although  the  effects  of  the  driv- 
ing source  impedance  Z,  can  be 
analyzed  from  the  electrical  point 
of  view  shown  in  Fig.  3,  it  is  more 
profitable  to  make  the  analysis  from 
an  equivalent  mechanical  point  of 
view.  If  Eq.  1 is  solved  for  i and 
the  result  substituted  in  Eq.  2 we 
obtain,  after  rearranging 


„ , Bl  „ 

^«^chv  + -^^v=^^^E  (4) 

This  equation  serves  as  the  basis 
of  the  mechanical  equivalent  circuit 
of  Fig.  3,  in  which  the  driving 
amplifier  is  represented  as  a force 
Bl  E 

source  of  magnitude  in  series 

with  an  effective  internal  imped- 

^ B^P. 
ance  Z,  — 

There  are  several  reasons  for 


AUDIO 


121 


considering  the  speaker  system 
from  the  mechanical  rather  than 
the  electrical  point  of  view.  These 
are  first,  that  speakers  of  compar- 
able size  all  have  approximately  the 
same  mechanical  characteristics ; 
second,  that  the  magnetic  gap 
strength  and  effective  driving 
source  impedance  are  conveniently 
accounted  for  because  they  effect 
only  the  element  Z,;  and  third, 
that  the  effects  of  baffles  are  most 
simply  considered  from  the  mechan- 
ical point  of  view.  For  example,  a 
simple  enclosure  merely  increases 
the  effective  stiffness  and  can  be 
considered  as  a series  capacitor  in 
the  mechanical  circuit. 

In  calculating  the  response  of  a 
loudspeaker  by  means  of  the  circuit 
of  Fig.  3 it  must  be  remembered 
that  the  radiation  resistance  of  a 
speaker  in  an  infinite  baffle  or  en- 
closure increases  as  the  square  of 
the  frequency  over  the  range  of 
frequencies  for  which  the  speaker 
diameter  is  small  compared  to  the 
wavelength.  Most  loudspeakers  op- 
erate in  this  region  for  a range  of 
several  octaves  in  the  vicinity  of 
the  resonant  frequency.  The  low 
frequency  response  of  a loud- 
speaker in  an  infinite  baffle  has  been 
calculated  for  several  different 
values  of  the  impedance  Z„  and 
plotted  in  the  curves  of  Fig.  4.  The 
curves,  which  can  also  be  applied 
to  a speaker  in  a simple  enclosure, 
give  response  as  a function  of  the 
frequency  relative  to  the  resonant 
frequency.  The  magnitude  of  Z.  is 
given  in  terms  of  Xn,  the  reactance 
at  resonance  of  the  reactive  ele- 
ments in  Fig.  3. 

The  curves  of  Fig.  4 indicate  how 
important  the  impedance  Z,  is  in 
determining  the  response  of  loud- 
speakers. Curve  A corresponds  to 
a very  small  value  of  Z„  and  a 
mechanical  Q of  10  for  the  speaker. 
The  small  value  of  Z,  might  be  the 
result  of  either  a small  value  for 
Bl  or  a large  value  of  Z,.  It  is  the 
type  of  response  encountered,  for 
example,  when  pentode  tubes  are 
used  in  the  driving  amplifier  and 
no  inverse  feedback  is  employed  to 
reduce  the  effective  internal  im- 
pedance. The  pronounced  peak  in 


the  response  curve  is  responsible 
for  the  poor  reproduction  of  tran- 
sients which  is  sometimes  described 
as  poor  speaker  damping.  The 
curves  make  it  obvious  that  for 
uniform  response  and  clean  repro- 
duction of  transients  the  impedance 
Z,  should  be  quite  high.  This  makes 
it  imperative  that  Z,  be  low.  Triode 
tubes,  when  used  in  the  output 
stage,  provide  a source  of  relatively 


FIG.  3 — Equivalent  mechanical  circuit 
oi  loudspeaker  and  driving  amplifier 


low  impedance,  and  this  is  one  rea- 
son for  the  traditional  preference 
for  triodes.  When  using  triodes 
the  load  is  usually  matched  to  the 
tubes  in  such  a manner  that  the 
impedance  looking  back  into  the 
amplifier  from  the  speaker  is  ap- 
proximately equal  to  the  voice  coil 
resistance.  Thus  the  impedance  Z, 
is  equal  to  twice  the  voice  coil  re- 
sistance. By  using  pentode  or  beam 
tetrodes  with  sufficient  negative 
voltage  feedback  it  is  possible  to 
make  the  effective  output  imped- 
ance of  the  amplifier  small  com- 
pared to  voice  coil  resistance.  Thus 
Ze  can  be  made  approximately  equal 
to  Z,;c.  In  other  words,  the  speaker 
damping  of  pentodes  with  sufficient 
feedback  is  twice  as  good  as  that 
of  triodes  without  feedback. 

Since  ordinary  methods  never 
permit  the  impedance  Z,  to  be  re- 
duced below  the  value  of  the  voice 
coil  resistance,  the  maximum  value 
which  can  be  achieved  for  Z,  is 
limited  by  the  value  of  Bl.  For 
speakers  with  small  magnetic  struc- 
tures this  maximum  value  is  still 
too  low  to  result  in  appreciable  im- 
provement in  the  response  obtained 
with  a very  high  value  of  Z,.  Even 
with  speakers  having  the  largest 
magnetic  structures  supplied  in  the 
standard  lines,  the  maximum  value 

of  Z,  which  can  be  obtained  is  still 
considerably  below  the  optimum 
value  for  the  speaker  in  an  infinite 


baffle.  Thus,  curve  B corresponds 
closely  to  the  response  in  an  infinite 
baffle  of  an  eight-inch  speaker  with 
a 6.8-oz.  Alnico  V magnet  and  a 
3.2-ohm  voice  coil  when  driven  by 
an  amplifier  with  triodes  in  the 
output.  It  is  apparent  that  optimum 
response,  if  achieved  by  conven- 
tional methods,  requires  the  use  of 
an  amplifier  having  sufficient  nega- 
tive voltage  feedback  to  reduce  the 
internal  impedance  to  a negligible 
value,  and  in  addition,  the  use  of  a 
larger  magnet  than  is  obtainable 
in  speakers  of  moderate  cost.  In- 
vestigation has  also  revealed  that 
optimum  values  of  Z,  for  other 
baffles  require  larger  magnetic 
structures  than  can  be  obtained  in 
even  the  more  expensive  speakers. 

The  foregoing  discussion  indi- 
cates that  a method  for  increasing 
the  value  of  Z,  which  does  not  re- 
quire the  use  of  excessively  large 
and  expensive  magnetic  structures 
would  be  of  considerable  value. 


FIG.  4 — ^Relative  response  of  loud- 
speaker for  different  values  of  driving 
source  impedance 


The  remaining  portion  of  this  paper 
outlines  such  a method. 

Motional  Feedback 

Optimum  response  requires  that 
for  most  speakers  Z,  be  made 
smaller  than  the  voice  coil  resist- 
ance. Inspection  of  Fig.  2 makes 
it  obvious  that  negative  voltage 
feedback,  applied  in  the  customary 
fashion,  cannot  reduce  Z,  below 
Z,e,  In  conventional  feedback  am- 
plifiers the  feedback  voltage  is 
taken  from  point  a in  Fig.  2 and 
acts  to  reduce  Zi  only.  If  a feed- 
back voltage  could  be  taken,  in- 
stead, from  point  6,  or  from  di- 
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rectly  across  the  motional  imped- 
ance, then  Z,,  would  be  included  in 
the  feedback  loop  along  with  Z«, 
and  Z,  could  then  be  reduced  to  any 
desired  value.  In  other  words,  the 
feedback  voltage  must  be  a motion- 
al voltage. 

The  author  has  accomplished  the 
result  mentioned  above  in  a very 
simple  manner  by  winding  a sep- 
arate- feedback  coil  of  very  fine 
wire  over  the  existing  voice  coil  in 
a conventional  speaker.  The  voltage 
induced  in  this  coil  by  the  motion  of 
the  voice  coil  is  a pure  motional 
voltage  at  most  frequencies.  This 
voltage,  used  as  a feedback  voltage, 
permits  reducing  Z,  below  Z,,,  The 
method  has  the  additional  advan- 
tage of  including  nonlinearities  of 
the  cone  suspension  in  the  feedback 
loop  and  reducing  distortion  from 
this  cause.  Also,  by  proper  design 
of  the  feedback  coil,  nonlinearities 
due  to  fringing  of  the  magnetic 
field  are  included  in  the  feedback 
loop  and  the  accompanying  distor- 
tion reduced  with  no  loss  in  mag- 
netic efficiency  of  the  speaker. 


At  very  high  audio  frequencies 
some  difficulty  is  caused  by  the 
mutual  inductance  between  the 
driving  voice  coil  and  the  pickup 
coil.  The  mutual  inductance  pro- 
duces in  the  feedback  voltage  a 
component  which  is  dependent  on 
the  induction  between  the  coils 
rather  than  on  the  motion  alone. 
This  voltage  of  induction  is  very 
small  at  most  frequencies  but  be- 
comes quite  large  at  the  higher 
frequencies*  and,  unless  compen- 
sated for,  results  in  attenuation  of 
high  frequencies.  This  difficulty  is 
overcome  by  placing  additional 
mutual  inductance  of  opposite  sign 
between  the  voice  coil  and  feedback 
circuits  at  a point  external  to  the 
magnetic  field.  Voltages  of  induc- 
tion which  are  equal  and  of  opposite 
sign  are  thus  produced  in  the  feed- 
back circuit  and  cancel,  leaving  a 
pure  motional  voltage  as  the  feed- 
back voltage.  It  is  therefore  pos- 
sible to  design  as  a unit  an  am- 
plifier-speaker combination,  such  as 
the  one  shown  in  Fig.  5,  of  superior 
performance.  Table  I,  which  is  in- 


cluded for  reference,  lists  for  five 
typical  speakers  mechanical  and 
magnetic  data  necessary  to  such  a 
design. 

In  summary,  the  method  pre- 
sented furnishes  a means  of 
achieving  excellent  performance 


FIG.  5 — Block  dia^am  of  amplifier- 
speaker  combination  with  motional  feed- 
back compensating  mutual  Inductance 

from  speakers  of  low  cost.  The  ad- 
dition of  the  pickup  coil  to  the  voice 
coil  structure  at  the  time  of  manu- 
facture should  add  very  little  to  the 
cost,  and  result  in  negligible  change 
in  the  mechanical  characteristics  of 
the  speaker. 


Distortion  Measurement  Device 


By  PAUL  W.  KlIPSCH 


All  distortion-measurement  de- 
vices depend  on  the  following  ele- 
ments : a signal  to  be  measured,  a 
means  of  removing  the  fundamental 
of  the  signal  and  a measuring  or 
indicating  device  to  reveal  the  resi- 
due or  distortion.  In  this  simple 
form  one  has  essentially  a harmonic 
analyzer. 

If  a plurality  of  signals  are 
added  for  intermodulation  measure- 
ment, the  same  basic  principle  holds 
with  a further  means  for  canceling 
out  the  several  input  signals  and 
examining  the  resulting  output 
components.  These  components  con- 
tain not  only  the  harmonic  distor- 
tion but  also  the  intermodulation 
products. 

For  only  occasional  measure- 
ments of  distortion,  it  is  rarely 


feasible  to  spend  upwards  of  $1,000 
for  the  equipment  required.  How- 
ever, given  a cathode-ray  oscillo- 
graph, an  oscillator,  a few  items 
from  the  usual  accumulation  around 
any  electronics  laboratory  and  a 
few  hours  time,  a fair  tool  can  be 
made  up  that  will  give  the  essential 
information. 

Circuit  Arrangement 

In  Fig.  1 is  illustrated  an  ar- 
rangement suitable  for  determining 
the  harmonic  distortion  in  a single- 
frequency signal.  It  is  presumed 
the  oscillator  is  substantially  free 
of  distortion  otherwise  the  oscil- 
lator distortion  must  be  determined 
separately.  The  Wien  bridge  is 
adjusted  to  eliminate  the 'funda- 
mental and  the  residue  is  indicated 


on  a cathode-ray  oscilloscope,  pref- 
erably with  a two-stage  vertical 
amplifier. 

The  bridge  may  be  constructed 
from  a pair  of  ganged  volume  con- 
trols but  due  to  slack  in  the  shaft  it 
would  be  better  to  use  a pair  of 
ganged  controls  with  accurate 
tracking.  Passable  results  were 
obtained  from  a pair  of  carbon 
volume  controls  but  a lot  of  head- 
aches disappeared  when  a pair  of 
precision  resistors  were  substi- 
tuted. 

The  particular  values  oi  bridge 
elements  were  chosen  for  measur- 
ing outputs  of  low-impedance  audio 
amplifiers  at  about  a 16-ohm  level. 
The  bridge  as  shown  will  impose 
negligible  load  under  such  circum- 
stances. The  variable  elements  are 
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of  such  value  that  wire-wound  units 
are  feasible. 

The  output  transformer  super- 
poses its  own  distortion  but  this 
occurs  after  the  fundamental  has 
been  eliminated  and  the  added  dis- 
tortion is  of  low  order.  If  the 
transformer  has  excessive  leakage 
inductance  it  will  attenuate  the 
higher  distortion  components.  To 
detect  high-order  distortion  at  high 
frequencies  the  transformer  should 
be  a good  one. 

In  detecting  harmonic  distortion, 
the  residue  after  balance  will  con- 
tain all  distortion  components.  The 
shape  of  the  curve,  the  sharpness  of 
any  kinks  and  so  forth,  will  indi- 
cate the  presence  of  high-order  dis- 


FIG.  1 — bridge  arrangement  for 
distortion  measurement.  Arrangement 
permits  both  input  and  output  to  be 
grounded  and  includes  calibration 
means 

tortion  and  the  amplitude  of  the 
lowest-order  harmonic  can  be  meas- 
ured or  estimated. 

Without  any  additions  except 
that  of  a second  oscillator,  the  de- 
vice can  be  used  to  indicate  modula- 
tion distortion.  The  bridge  is  bal- 
anced for  one  of  the  frequencies, 
say  the  lower,  and  the  envelope  of 
the  other  frequency  examined.  A 
sausage-like  pattern  indicates  the 
presence  of  intermodulation  and  a 
little  calculation  will  serve  to  de- 
termine the  magnitude  in  appro- 
priate units. 

In  available  components,  even 
precision  elements  will  not  track 
perfectly  but  mistracking  of  the 
variable  elements  may  be  compen- 
sated for  by  the  variable  resistor  in 
the  nonreactive  arms  of  the  bridge. 
It  has  been  possible  to  get  a balance 
of  sufficient  accuracy  to  measure 


0.3-percent  distortion  to  an  ac- 
curacy of  the  order  of  5 percent. 

The  Wien  bridge  attenuates  not 
only  the  fundamental  (to  null)  but 
also  attenuates  the  distortion  com- 
ponents to  some  extent.  If  consid- 
erable precision  of  the  numerical 
value  of  distortion  is  desired  it 
would  be  necessary  to  calculate  the 
attenuation  of  the  bridge  for  one  or 
more  of  the  residue  frequencies. 
Thus,  if  distortion  figures  are  to  be 
compared  with  those  obtained  by 
other  methods  of  measurement, 
some  corrections  may  be  applicable. 
If,  however,  the  results  are  to  be 
comparative  and  the  device  de- 
scribed is  the  only  method  to  be 
used,  one  can  get  a very  accurate 
relative  figure  of  merit  without  any 
corrections. 

High  Fidelity 

As  this  device  was  built  to  evalu- 
ate audio  equipment  in  the  so-called 
high-fidelity  class,  a word  about 
measurements  of  such  equipment  is 
in  order.  Most  amplifiers  will  show 
fairly  low  distortion  at  400  cycles. 
The  good  amplifier  is  distinguished 
from  the  mediocre  or  poor  ampli- 
fier by  harmonic  tests  at  many  fre- 
quencies and  particularly  at  ex- 
tremely low  frequencies.  As  the 
low  C of  the  pipe  organ  (Cs)  is  32.7 
cycles  and  this  should  normall5’^  be 
considered  as  part  of  the  desired 
spectrum  and  as  power  from  the  Ca 
Bourdon  pipe  is  very  large,  distor- 
tion at  and  below  that  frequency 
should  be  determined.  Sometimes 
wind  noise  will  produce  subsonic 
amplitudes  that  will  cause  serious 
audible  intermodulation  distortion. 
It  appears  that  distortion  measure- 
ments should  be  made  down  to  fre- 
quencies where  the  response  is 
down  10  db  or  more.  It  is  at  low 
frequencies  where  the  exciting  cur- 
rent of  an  output  transformer 
creates  maximum  distortion  which 
will  in  turn  cross  modulate  higher 
frequencies. 

Not  intended  to  compete  with  the 
distortion  analyzers  which  are 
marvels  of  speed,  accuracy  and  con- 
venience, the  present  offering  is 
suggested  as  a low-cost  device  for 
use  where  occasional  distortion  data 


must  be  obtained  but  where  the 
investment  in  more  elaborate  equip- 
ment is  of  questionable  justifica- 
tion. The  device  is  capable  of  yield- 
ing valuable  information  and  has 
the  advantage  that  the  results  are 
pictorial  rather  than  merely  numer- 
ical. Qualitative  indications  of 
small  magnitudes  of  high-order  dis- 
tortion are  evident  even  in  the  pres- 
ence of  large  quantities  of  low- 
order  distortion.  As  it  is  becoming 
apparent  that  a few  hundredths  of 
a percent  of  high-order  distortion 
is  more  irritating  than  several  per- 
cent of  low-order  distortion,  the 
pictorial  representation  of  the  dis- 
tortion residue  may  be  considerably 
more  valuable  than  a mere  numer- 
ical value  representing  total  distor- 
tion. Operation 

The  signal  to  be  measured  is  con- 
nected to  the  IN  terminals  and  a 
cathode-ray  oscilloscope,  prefer- 
ably with  two-stage  vertical  ampli- 
fier, is  connected  to  OUT  terminals. 

The  bridge  is  balanced  by  rotat- 
ing the  main  dial  while  watching 
the  screen.  When  a minimum  is 
obtained,  the  secondary  balance  is 
adjusted  for  a further  minimum. 
With  a little  practice  both  controls 
are  operated  simultaneously  to  ob- 
tain final  null  of  the  fundamental. 
The  residue  is  observed,  then  the 
calibration  switch  is  thrown  to 
CALIBRATE  position  and  the  cali- 
brated attenuator  is  rotated  until 
the  fundamental  is  about  the  same 
size  on  the  screen  as  the  residue 
was  at  the  fundamental  null.  The 
number  of  db  plus  a calculated  or 
estimated  correction  for  pattern 
size  difference  is  added  to  give  the 
ratio  of  the  harmonic  residue  to 
the  fundamental. 

In  addition  to  obtaining  a numer- 
ical ratio  between  the  residue  and 
fundamental,  the  cathode-ray  pic- 
ture will  reveal  the  presence  and 
order  of  magnitude  of  any  high- 
order  distortion  components.  For 
example  a fine  whisker -like  trans- 
ient at  some  part  of  the  cycle  might 
contain  mere  thousandths  of  a per- 
cent of  distortion  but  be  more  irri- 
tating to  a listener  than  a measured 
several  percent  of  second  or  third 
harmonic. 
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Beat-Frequency  Tone  Generator  with 

R-C  Tuning 


The  principles  of  resistance-ca- 
pacitance tuning  of  oscillators  may 
easily  be  adapted  to  the  design  of 
tone  generators  using  the  hetero- 
dyne technique.  Such  a circuit  has 
several  advantages  over  tuned-cir- 
cuit generators.  For  example,  no 
difficulty  is  experienced  in  covering 
wide  frequency  bands  with  good  fre- 
quency stability  and  low  distortion 
and  with  simple  frequency  control. 
Furthermore,  there  is  an  extremely 
low  degree  of  coupling  with  neigh- 
boring components.  Remote  con- 
trol of  frequency  can  also  be  ar- 
ranged. 

Circuit  Details 

The  circuit  shows  two  R-C  tuned 
oscillators  feeding  the  appropriate 
grids  of  a hexode  mixer.  The  out- 
put from  each  oscillator  is  obtained 
by  a suitable  tap  on  the  final  re- 
sistance of  each  of  the  phase-shift- 


By  J.  W.  WHITEHEAD 

ing  networks.  A refinement  (not 
irfiown)  would  be  to  leave  a portion 
of  the  automatic  bias  resistance  to 
each  oscillator  tube  unshunted  in 
order  to  introduce  a degree  of  feed- 
back for  the  purpose  bf  limiting  the 
amplitude  of  oscillation. 

Control  of  the  frequency  gener- 
ated by  the  tube  Vx  in  the  variable 
frequency  section  is  achieved  by 
altering  the  effective  resistance  of 
one  element  in  the  phase-shifting 
network.  This  could  be  done  by  in- 
serting a normal  variable  resistance 
in  series  with  one  of  the  fixed  re- 
sistances, but  here  the  same  effect 
is  secured  by  varying  the  grid  bias 
of  tube  V2.  This  tube  is  a cathode 
follower,  the  output  impedance  of 
which  shunts  the  center  resistance 
of  the  phase-shift  network.  The 
output  impedance  is  a function  of 
the  grid  bias  on  the  tube  that  is 
controlled  by  potentiometer  R.  In 
short,  the  frequency  of  the  oscilla- 


tions generated  by  the  variable 
oscillator,  and  hence  the  resulting 
tone  frequency,  is  determined  by 
the  setting  of  R. 

Potentiometer  R may  be  mounted 
at  any  desired  distance  from  the 
apparatus.  The  lead  from  its  slider 
carries  no  current  and  can  there- 
fore cause  no  instability,  however 
long  it  is.  The  potentiometer  dial 
can  be  calibrated  in  frequency. 

In  practice,  both  oscillators  are 
set  to  the  same  frequency  (about 
100  kc)  with  Vi  biased  almost  to 
cutoff,  but  if  Vi  has  a variable-mu 
characteristic  it  need  not  be  biased 
so  far  back  as  might  otherwise  be 
necessary. 

Instead  of  a cathode  follower  for 
frequency  control,  a negative-re- 
sistance transitron  could  be  used 
and  in  this  case  the  magnitude  of 
the  negative  resistance  is  a func- 
tion of  the  grid  bias. 


The  values  shown  in  the  diagram  provide  oscillator  frequencies  of  about  92  kc  and  the  resulting  beat-frequency  variation  is  from 
a few  cycles  to  over  20  ke.  A voltage-regulated  plate  supply  is  preferable 
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Warbler  for  Beat-Frequency  Oscillator 

A reactance-tube  modulator  for  use  with  heterodyne  audio  oscillator  produces  frequency 
deviations  of  plus  and  minus  ten  percent  with  inputs  from  2 to  1,000  cycles.  Designed 
for  a flutter  generator  the  circuit  has  other  audio  applications 


By  J.  L.  FLANAGAN 


w COUSTICIANS  and  psycholo^sts 
JKl  are  often  faced  with  the 
problem  of  providing,  for  experi- 
mental purposes,  a frequency-mod- 
ulated or  warbled  audio  tone  having 
negligible  inherent  amplitude  mod- 
ulation and  a variable  frequency 
and  degree  of  modulation. 

Common  Systems 

Experimenters  have,  in  general, 
met  the  problem  by  resorting  to 
mechanical  means ; probably  the 
most  popular  method  is  the  use  of  a 
mechanically-driven  variable  capac- 
itor in  the  tuned  circuit  of  one  oscil- 
lator of  a beat-frequency  type  audio 
oscillator.^  This  method  is  not  only 
cumbersome,  but  is  also  subject  to 
restrictions  imposed  by  mechan- 
ical tolerances  on  the  accuracy  of 
calibration.  The  solution  to  be 


FIG.  1 — Simplified  arrangement  of  het- 
erodyne type  audio  oscillator 


described  lies  in  an  electronic  means 
of  producing  the  frequency-modu- 
lated tone. 

There  are  several  methods  of  fre- 
quency modulating  R-C  phase  shift 
oscillators  and  obtaining,  with  the 
proper  design,  negligible  amplitude 
modulation.*’*  Circuits  of  this  na- 
ture are  employed  in  subcarrier 
facsimile  transmission.  Here,  how- 
ever, we  are  chiefly  interested  in 
the  heterodyne-type  audio  oscillator 
and  shall  confine  this  discussion  to 
it  alone. 


This  work  was  supported  in  part  by  the 
United  States  Air  Force,  under  Air  Ma- 
teriel Command  contract  No.  W-19-122ac- 
14. 


in  which  and  Zg  provide  90-deg 
shift,  and  capacitive  form  (B) 
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FIG.  3 — A type  of  reactance  modulator 
requiring  no  ovc  with  little  amplitude 
modulation 


FIG.  4 — The  linear  equivalent  circuit 
derived  from  the  practical  modulator 
shown  in  Fig.  3 


FIG.  5 — Fino]  degenerative-type  modu- 
lator circuit  that  was  built  into  com- 
mercial beat-frequency  oscillator 


Electronic  Frequency  Modulator 

The  reactance-tube  modulator 
offers  itself  at  once  for  the  electri- 
cal performance  of  the  task  accom- 
plished by  the  mechanically-driven 
rotating  capacitor.  The  basic  set- 
up of  a heterodyne  type  oscillator  is 
shown  in  Fig.  1.  The  frequencies 
of  the  beating  oscillators  are  usu- 
ally in  the  neighborhood  of  200  kc 
in  most  commercial  types. 

By  placing  a reactance-tube  mod- 
ulator across  the  tuned  circuit  of 
the  fixed  oscillator  and  feeding  into 
it  the  desired  modulating  signal, 
a frequency-modulated  or  warbled 
audio  output  is  produced.  In  order 
that  no  amplitude  modulation  be 
present  in  the  output,  the  amplitude 
of  the  modulated  high-frequency 
oscillator  must  not  vary  with  the 
modulating  signal.  Therefore  the 
a-c  component  of  the  plate  current 
in  the  reactance  tube  that  is  in 
phase  with  the  tank  circuit  voltage 
must  be  kept  very  small,  and  must 
be  essentially  independent  of  the 
modulating  signal,  in  order  to  give 
negligible  resistive  shunting  of  the 
tuned  circuit. 

In  considering  specific  require- 
ments, it  should  be  noted  that  a 
normal  ear  is  capable  of  detecting 
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a difference  limen  of  as  low  as  2 cps 
on  a 1,000-cps  base,  under  certain 
conditions  of  low  flutter  rates. 
Thus  the  modulator  must  be  capable 
of  producing  accurately  a warbler 
frequency  deviation  of  as  low  as 
drO.l  percent.  In  terms  of  the  fre- 
quency deviation  of  the  high-fre- 
quency oscillator  that  is  modulated 
by  the  reactance  tube,  this  fre- 
quency deviation  is  much  smaller 
(dbO.0005  percent  on  a 200-kc  base). 


R 

1 +gmR 


« 


1 

jwC  (1  H-  gmR) 


and  the 


modulator  appears  miunly  reactive. 


In  the  course  of  the  investigation 
several  modifications  of  this  basic 
circuit  were  employed  to  frequency 
modulate  a heterod3me  oscillator  (a 
General  Radio  type  713AS9  and  also 
a type  913).  Low-plate-resistance 
triodes  were  ruled  out  at  the  outset 
on  the  basis  that  a variation  in 


lowing  relations  are  evident,  where 
the  quantities  are  complex  a-c 
values. 

Bg  = —R  (ii  -f-  ip) 

Bp  ^ 

Bi  = Xe  ii  + 12  (ii  + ip) 

Cp 

The  linear  equivalent  circuit  is 
shown  in  Fig.  4,  from  which  follows 

Z (injected)  = Zi  = Bi/(ip  + ii) 

„ Xe  ii  -f-  R (ii  -F  ip) 

^1  = : — j — : 

tp  + 'll 


Table  I — Comparison  of  Measured  and  Calculated  Capacitance 
Injected  ior  Different  Voltage  Combinations 


Een 

Ee 

Ea 

9m 

Cin 

Cin 

volts 

volts 

volts 

fimhos 

measured 

calculated 

jupf 

0 

1.7 

62 

913 

23.0 

26.2 

2 

3.2 

85 

670 

25.5 

30.0 

4 

4.8 

110 

553 

28.3 

32.2 

6 

6.5 

130 

393 

31.4 

36.0 

8 

8.2 

150 

270 

35.2 

39.3 

10 

10.0 

170 

170 

40.2 

42.7 

The  problem  then  reduces  to  one  of 
using  a modulator  that  will  provide 
a warbler  frequency  deviation  that 
may  be  accurately  controlled,  meas- 
ured, and  reproduced  in  the  range 
of  ±0.1  to  approximately  ±10  per- 
cent, and  which  produces  less  than 
one-percent  amplitude  modulation. 

Selecting  the  Modulator 

The  basic  reactance-tube  circuit 
takes  the  form  shown  in  Fig.  2A, 
where  the  elements  Za  and  Zb  pro- 
vide a phase  shift  of  approximately 
90  degrees  between  e,  and  e,. 

The  nature  of  the  elements  Za 
and  Zb  is  dependent  upon  whether 
the  tube  is  to  appear  capacitive  or 
inductive.  In  the  simplest  capaci- 
tive form  the  circuit  would  appear 
as  in  Fig.  2B,  where  the  injected 
capacitance  is  approximately  equal 
to  QmRC  for  high  plate-resistance 
tubes  (such  as  pentodes)  as  is 
shown  in  most  any  basic  electronics 
text.*’® 

Actually,  taking  into  account  the 
phase-shift  circuit,  the  injected  im- 
pedance seen  by  the  tank  circuit  is 
equal  to 

> ■where  in  general, 


plate  voltage,  as  produced  by  the 
oscillator  tank  circuit,  would  cause 
a relatively  large  in-phase  compon- 
ent of  plate  current  and,  conse- 
quently, an  objectionable  amount  of 
amplitude  modulation.  It  was  found 
that  for  the  desired  application 
this  type  of  circuit  produced  in 
general  an  overly  sufficient  amount 
of  frequency  modulation  and  an  in- 
tolerable amount  of  amplitude 
modulation.  Using  elements  of 
practical  size,  the  sensitivity  of 
the  injected  capacitance  of  this 
type  modulator  to  variations  in  g„ 
(or  to  the  modulating  signal)  was 
too  great  for  accurate  control  and 
measurement  of  the  low  deviations. 
Also,  since  the  resistive  component 
of  the  injected  impedance  is  a func- 
tion of  g„,  amplitude  modulation 
could  not  be  avoided  without  re- 
sorting to  intricate  avc  circuits. 

A modulator  circuit,  devised  by 
P.  Dippolito  of  Harvard  Psycho- 
Acoustics  Lab,  that  eliminates 
these  objectionable  features  is 
shown  in  Fig.  3.  A simple  linear 
analysis  of  this  modulator  follows 
and  the  impedance  relations  are  de- 
rived. 

From  the  above  circuit  the  fol- 
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Zi  = R + Xe 


r i + g„.7g  -1 

L 1 + Xe/Vp  J 


If  rp»  Xe  (as  would  be  the  case  for 
pentodes) 

Zi  = R Xe  (1  gmR) 

Zi  = R + —.  ^ ^ 

V 1 + gmR 
In  comparing  this  modulator 
with  the  basic  circuit  first  discussed 
we  note  that  for  the  basic  circuit 


FIG.  6 — Static  calibration  of  warbler  for 
1.000-cps  base  frequency.  Amplitude 
is  essentially  constant 


I + gmR  ^ (ll+:?m72) 

For  the  degenerative  circuit 
^inject  = 72  j — ^ , 

The  resistive  component  injected 
by  the  latter  circuit  is  therefore 
constant  for  linear  operation,  and 
will  produce  little  amplitude  modu- 
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lation.  Thus  the  necessity  of  com- 
plicating the  apparatus  with  avc 
circuits  to- obtain  the  desired  ampli- 
tude characteristics  is  foregone. 
Defining  the  sensitivity  of  the  in- 
jected capacitance  to  variations  in 
Pm  as  bCiniect/bpm,  WO  Obtain  for  the 
respective  sensitivities  of  the  basic 
circuit  Ci„iect/bPm  = RC  and  of  the 
degenerative  circuit  dCmject/bpm  = 
— RC/(1  + gmR)\  The  degenera- 
tive circuit  is  considerably  less 
sensitive  for  given  values  of  R and 
C,  and  provides  for  more  accurate 
reproduction  of  a given  frequency 
deviation  with  less  accurate  meas- 
urement of  the  modulating  signal. 
It  should  also  be  noted  that  the  lat- 
ter circuit  has  the  advantage  that 
the  output  impedance  of  the  modu- 
lating signal  source  has  no  effect 
upon  the  phase-shift  circuit,  as 
might  be  the  case  in  driving  the 
former  modulator. 

Warbler  Equipment 

A degenerative  type  modulator 
stage  with  the  circuit  elements 
shown  in  Fig.  5 was  built  into  a 
General  Radio  type  713  beat  fre- 
quency oscillator,  and  found  to  per- 
form exceedingly  well.  With  sinu- 
soidal modulator  inputs  of  2 to 


1,000  cps,  a frequency  deviation  of 
approximately  db  10  percent  was 
obtained  with  negligible  amplitude 
modulation.  This  instrument  is 


FIG.  7 — Graphical  comparison  of  meas- 
ured and  calculated  values  of  injected 
capacitance 


currently  being  employed  as  a 
flutter  generator  for  subjective 
flutter  threshold  measurements.  It 
will  be  noted  from  the  circuit  that 
the  screen  grid  is  bypassed  only  for 
the  r-f  oscillator  frequency,  and  not 
the  audio  modulating  frequency. 
The  purpose  in  this  arrangement 
was  to  obtain  a variation  in  p,„ 
with  grid  voltage  which  would  pro- 
duce a linear  overall  frequency 
variation  of  the  warbler  with  the 
input  signal.  Static  calibration 
curves  of  this  warbler  for  a 1,000- 
cps  base  frequency  are  shown  in 
Fig.  6. 


The  injected  capacitance  of  this 
modulator  was  measured  on  a Gen- 
eral Radio  capacitance  bridge  Type 
716-C,  by  the  substitution  method, 
at  a frequency  of  200  kc.  The  in- 
jected capacitance  was  also  calcu- 
lated from  the  expression  obtained 
in  the  foregoing  derivation.  Sample 
data  are  shown  in  the  accompanying 
table  and  results  are  plotted  in  Fig. 
7 comparing  the  measured  and  cal- 
culated values. 

Although  the  circuit  has,  so  far, 
been  used  only  for  producing  a 
sinusoidally  frequency  - modulated 
audio  tone  for  subjective  flutter 
measurements,  the  modulating  sig- 
nal waveform  is  certainly  not  lim- 
ited to  sinusoids.  The  ability  of 
the  circuit  arrangement  to  modu- 
late the  audio  tone  with  any  desired 
type  of  wave  is  counted  as  a prime 
advantage. 
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Simplified  Multistation  Intercom  System 

Requires  only  two  wires  and  ground  for  complete  privacy  between  any  two  stations 
among  a maximum  of  eight  stations.  The  pulse-generating  system  used  for  automatic 
switching  can  he  adapted  to  remote  control  by  wire,  carrier  or  radio,  when  power  lines 

are  synchronized  at  transmitters  and  receivers 


IN  CONVENTIONAL  intercommuni- 
cation systems  that  do  not  em- 
ploy centralized  switching  the  de- 
sired talking-circuit  path  is  set  up 
at  the  calling  station  when  a manu- 
ally operated  selector  switch  com- 
pletes a direct-wire  connection  to 
the  called  station.  An  intercom 
employing  centralized  switching  or- 
dinarily requires  that  a circuit  first 
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be  established  to  the  switching  ap- 
paratus; after  this  the  circuit  path 
to  the  desired  station  is  remotely 
set  up  by  a manual  switch  at  the 
calling  station. 

The  cost  of  the  direct-wire  sys- 
tem increases  rapidly  as  the  service 
area  increases  because  the  multi- 
plicity of  wires  between  stations 
makes  installation,  relocation  and 


servicing  difficult.  In  addition,  the 
extensive  wire  network  increases 
noise  pickup.  Central  switching, 
although  it  eliminates  individual 
station  amplifiers  and  reduces  the 
number  of  interconnecting  wires, 
usually  requires  complex  central 
equipment  to  perform  the  remotely 
controlled  functions  of  call,  talk, 
listen  and  release. 
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New  Central  System 

The  centralized  system  to  be  de- 
scribed uses  a finder  circuit  with 
no  line  relays,  a pulse  system  for 
station  selection,  one  audio  ampli- 
fier, and  simple  three-position 
switches  at  each  station.  The  pulse 
system  employs  an  inductor  and 
eight  different  half-wave  rectifier 
combinations  to  select  eight  unique 
positive  or  negative  voltage  im- 
pulses from  a 60-cycle  supply. 

Up  to  eight  stations  can  be  used. 
Each  station  is  connected  directly 
to  the  central  unit  by  three  wires,  a 
balanced  talking  pair  and  ground. 
The  station  units  house  a p-m 
speaker,  small  selenium  rectifiers, 
resistors,  a pulse  inductor  and  keys 
that  set  up  eight  different  pulse-cir- 
cuit conditions  for  station  selection 
and  control  the  talk-listen  and  re- 


lease functions.  The  keys  are  three- 
position  lever  type  with  spring 
return  to  center. 

When  a call  is  made  the  desired 
station-selection  key  is  operated 
and  held  until  a completion  tone  is 
heard  in  the  speaker  to  indicate 
that  the  system  is  not  in  use.  The 

switching  is  completed  and  the  key 
may  be  released.  The  release  of  the 
station-selector  key  completes  the 
connections  to  the  amplifier  and 
the  calling  station  is  ready  to  carry 
the  message  in  the  direction  of  the 
called  station.  Operation  of  the 
listen  key  reverses  the  talking  di- 
rection, allowing  a reply.  Operation 
of  the  release  key  rd  eases  the  sys- 
tem for  subsequent  calls. 

Line  Finder  Circuit 

The  glow  lamps  in  Fig.  1 are  con- 


nected to  the  P wires  of  each  of 
the  balanced  pairs  extending  to 
each  of  the  speaker  stations.  The 
common  connection  to  the  glow 
lamps  is  in  a circuit  traceable  to 
ground  through  the  70-volt  trans- 
former winding  and  the  grid  circuit 
of  one  of  the  tubes  in  the  bridge 
circuit. 

When  the  system  is  idle,  the  relay 
contacts  complete  this  circuit  in 
which  the  70  volts  a-c  of  the  trans- 
fornler  winding  is  impressed  upon 
each  of  the  P station  leads  through 
the  glow  lamps.  Since  the  glow 
lamp  breaks  down  at  and  maintains 
a voltage  of  about  65  volts  d-c,  the 
voltage  appearing  across  the  re- 
mainder of  this  circuit  will  consist 
of  sine-wave  tops  or  pulses  as 
shown  in  Fig.  2 A having  effective 
voltages  in  these  peaks  of  about  25 
volts. 


FIG.  1 — ^Wiring  diagram  of  the  central  station,  with  connections  shown  for  one  substation  in  dashed  box 
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When  the  station-selector  keys 
are  in  the  normal  position,  the  sta- 
tion speaker  voice  coil  is  connected 
across  the  balanced  pair  P and  S. 
Therefore  the  line  capacitance  of 


FIG.  2 — ^Voltage  and  ciurent  waveforms 
available  for  switching 


both  the  P and  S wires  to  the 
ground  control  wire  is  presented  at 
each  of  the  lines  as  a capacitance 
load  between  the  glow  lamp  and 
ground,  since  the  speaker  imped- 
ance is  small  in  relation  to  the  re- 
actance of  the  line  capacitance. 

This  capacitive  load  causes  sym- 
metrical current  pulses  to  flow  in 
the  load  capacitor.  The  time  con- 
stant of  the  R-C  network  in  the 
grid  circuit  is  purposely  made  long 
enough  so  that  the  d-c  grid  poten- 
tial is  unaffected  and  thereby  main- 
tains a balance  within  the  bridge 
circuit. 

When  the  station-selector  key  is 
operated  at  a calling  station  the 
speaker  is  disconnected  from  the  P 
wire  and  the  load  circuit  through 
the  rectifier  Rn  or  and  the  pulse 
inductor  to  ground  is  presented  to 
the  glow  lamp  of  the  calling  line. 
The  effect  of  the  rectifier  load 
causes  current  pulses  to  flow  in  the 
direction  in  which  the  rectifier  con- 
ducts. These  rectified  pulses  cause 
the  R-C  circuit  at  the  grid  to 
charge  either  positively  or  nega- 
tively, thereby  unbalancing  the 
bridge  circuit  which  operates  the 
finder  start  relay  and  the  finder 
switch.  The  finder  switch,  stepping 
on  its  own  self-interrupting  con- 
tacts, hunts  over  the  station  lines. 


Because  the  rectifier  constitutes  a 
resistance  load,  the  rectified  current 
pulses  are  in  phase  with  the  voltage 
and  therefore  lag  the  capacitive 
current  pulses.  The  connection  of 
the  rectifier  load  on  the  one  calling 
line  controls  the  bridge  circuit  even 
while  being  shunted  by  the  low- 
shunt-reactance  combination  of  the 
other  seven  line  capacitances  be- 
cause the  rectifier  current  compo- 
nent is  displaced  from  the  capaci- 
tive current  component  as  shown  in 
Fig.  2B. 

The  finder  stop  relay  is  connected 
between  the  P wiper  of  the  finder 
switch  and  the  24-volt  tap  of  the 
power  transformer.  As  the  finder 
switch  hunts  over  the  lines,  the 
P wiper  momentarily  connects  the 
finder  stop  relay  to  each  of  the  P 
line  wires.  When  connection  is 
made  to  the  P wire  of  the  calling 
line,  the  rectifier  load  to  ground 
operates  the  finder  stop  relay  which 
stops  the  finder  switch  and  operates 
the  finder  cut-through  relay  which 
locks  up  on  its  own  contacts,  there- 
by seizing  the  link. 

The  movement  of  the  S wiper 
from  the  home  position  disconnects 


the  70-volt  transformer  winding 
from  the  glow  lamps,  thereby  dis- 
connecting, by  the  removal  of  a 
sufficient  breakdown  voltage,  the 
common  connection  established  by 
the  glow  lamps  to  the  P line  wires. 
This  locks  out  the  other  stations 
from  the  link  by  preventing  the 
operation  of  the  finder  start  relay 
and  also  disconnects  the  unbal- 
anced load  on  the  P line  wires, 
thereby  bringing  the  lines  into  the 
balanced  condition  in  readiness  for 
the  talking  circuits. 

Station  Selection 

The  operation  of  the  finder  cut- 
through  relay  starts  the  connector 
switch  and  connects  the  P and  S 
wires  coming  from  the  calling  sta- 
tion, where  they  are  connected  to 
a pulse  circuit  already  set  up  by  the 
operation  of  the  station-selector 
key,  to  the  associated  central  pulse- 
matching circuit  which  will  stop 
the  connector  switch  on  the  contacts 
of  the  called  line. 

The  principle  of  circuit  selection 
utilizes  an  inductance  and  selenium 
rectifiers  to  break  down  the  60-cycle 
power  supply  voltage  into  pulses 


FIG.  3 — Combinations  of  rectifier  and  inductance  connections  and  their  waveforms 
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that  allow  8 selections.  The  pulse 
signals  are  individual,  thereby  obvi- 
ating reliance  upon  combinations  of 
pulses  and  eliminating  testing  be- 
fore the  selection  is  determined. 

If  an  alternating  voltage  E is 
fed  into  an  iron-core  inductance 
through  a half-wave  rectifier,  a cur- 
rent / will  flow  and  the  voltage 
El  produced  across  the  inductance 
is  the  distorted  sine  wave  shown  in 
Fig.  3B.  Because  of  the  effect  of 
the  inductance  in  the  circuit,  the 
current  I and  the  voltage  Ei  is 
partly  carried  over  into  the  next 


FIG.  4 — Talk-listen  and  release  switch- 
ing circuits 


half  cycle.  This  overlap  of  current 
and  voltage  can  be  brought  back  to 
occupy  all  or  any  part  of  the  first 
half  cycle  by  inserting  a parallel 
resistance  and  capacitance  in  series 
as  shown  in  Fig.  3C.  When  current 
flows  in  the  circuit,  the  voltage 
charge  built  up  across  the  capacitor 
cancels  the  voltage  of  the  induct- 
ance and  causes  voltage  across  the 
rectifier  to  reverse  sooner,  thereby 
reducing  the  duration  of  the  cur- 
rent in  relation  to  the  applied  volt- 
age E. 

If  a center  tapped  inductance  is 
used  as  in  Fig,  3E  it  is  possible  to 
reverse  the  phase  of  the  Ei  voltage, 
thereby  producing  E2.  If  a second- 
ary rectifier  is  added  it  is  possible 
to  segregate  any  one  of  the  four 
half  cycles  of  Ei  and  E2.  These  cir- 
cuit combinations  and  their  accom- 
panying waveforms  are  shown  in 
Fig.  3G  through  N.  By  reversing 
the  polarity  of  the  primary  circuit 


rectifier,  the  current  flows  during 
the  negative  half  of  the  cycle  and 
in  the  same  manner  as  described 
above,  four  more  pulses  can  be 
generated,  occurring  during  the  last 
half -cycle  of  the  applied  voltage  E. 
This  pulse-generating  circuit  can 
be  used  for  remote-control  service 
over  a single  pair  of  wires  or  to 
modulate  a radio  or  wire-carrier 
wave  to  set  up  eight  different  cir- 
cuit selections,  assuming  that  the 
same  synchronized  power  source  is 
available  at  both  ends  of  the  con- 
nection. 

Control  Circuits 

In  the  system  described,  a 3-wire 
system  is  necessary  for  the  remote 
control  of  the  talk-listen  and  release 
functions.  The  three-wire  selec- 
tion circuit  used,  shown  in  Fig.  4, 
is  a modification  of  the  basic  selec- 
tion system.  The  a-c  voltage  is 
supplied  at  the  central  unit  only, 
thereby  making  a power  connection 
unnecessary  at  the  speaker  station. 
The  diagram  shows  a simplified  cir- 
cuit of  the  station  switching  which, 
by  the  operation  of  the  two  rectifier 
reversing  switches  A and  B and  the 
phase-reversing  switch  C into  their 
eight  possible  combinations,  sets  up 
the  eight  pulse  circuit  conditions. 
The  wipers  of  the  stepping  switch 
set  up  the  equivalent  pulse  circuits 
at  the  central  unit.  When  the  pulses 
are  matched,  current  flows  in  the 
pulse-load  transformer  which  fires 
the  thyratron,  operates  the  con- 
nector-stop relay,  and  stops  the  con- 
nector switch  on  the  called  line. 

The  operation  of  the  connector- 
stop  relay  sets  up  completion  tone 
and  changeover  relay  circuits  on  the 
calling  line.  The  output  of  the  700- 
cps  phase-shift  completion-tone  os- 
cillator is  connected  over  the  S wire 
to  the  calling  station,  speaker  voice 
coil  to  ground  through  the  rectifier 
Rsi  or  Rs2  and  the  pulse  inductor. 
The  completion  tone  indicates  that 
the  connector  switch  has  stopped  on 
the  calling  line  and  that  the  station 
selector  key  may  be  released  imme- 
diately. 

The  release  of  the  selector  key 
operates  the  changeover  relay  over 
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the  circuit  traceable  from  the  24- 
volt  power  transformer  winding 
through  the  rectifier  bridge  circuit 
and  changeover  relay  winding,  the 
primary  pulse  wiper  of  the  con- 
nector switch,  the  P wire,  the 
speaker  voice  coil,  back  on  the  S 
wire  and  through  the  output  wind- 
ing of  the  completion  tone  oscillator 
to  ground.  The  bridge  circuit  pre- 
vents the  reversal  of  flux  in  the 
changeover  relay  to  allow  lock-up 
operation  and  introduces  into  the 
circuit  a rectifier  which  bucks  the 
station  rectifier  and  thereby  pre- 
vents operation  of  the  changeover 
relay  before  the  selector  key  is 
released. 

The  changeover  relay  disconnects 
the  plate  voltage  from  the  tone  os- 
cillator, connects  it  to  the  audio 
amplifier  and  connects  the  input  and 
output  of  the  audio  amplifier  to  the 
calling  and  called  lines  respectively, 
thereby  completing  the  talking  cir- 
cuit. 

Talk-Listen  Circuit 

The  operation  of  the  listen  key  at 
the  calling  station  grounds  the  talk- 
ing pair  P and  S through  the  bridg- 
ing center-tapped  resistance,  there- 
by operating  the  talk-listen  relay 
which  reverses  the  amplifier  con- 
nections to  allow  a reply  from  the 
called  station.  The  current  inter- 
ruptions to  the  talk-listen  relay 
cause  very  little  disturbance  in  the 
amplifier  because  of  the  balanced 
center-tapped  connections  at  the 
line  terminations.  The  isolation 
transformer  keeps  the  talk-listen 
relay  current  out  of  the  talk-listen 
switching  contacts,  thereby  pre- 
venting switching  transients  that 
would  be  caused  by  the  normal  devi- 
ations from  simultaneous  contact 
closure  in  a relay  with  standard 
adjustment. 

Release  Circuit 

The  operation  of  the  release  key 
disconnects  the  S wire  from  the 
speaker  voice  coil  and  connects  it 
to  ground.  The  talk-listen  relay 
circuit  is  completed  as  in  the  listen 
function  but  the  unbalanced  current 
in  the  isolation  transformer  causes 
a transient  voltage  surge  which 
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goes  through  the  input  transformer 
and  fires  the  type  OA4  cold-cathode 
release  tube.  The  OA4  tube  sup- 
plies current  through  a differential 
winding  to  knock  down  the  cut- 
through  relay  which  returns  the 
finder  switch  to  the  home  position 

on  its  homing  wiper,  and  interrupts 
the  holding  current  to  the  finder- 


stop  and  changeover  relays,  thereby 
releasing  the  system. 

The  R-C  timing  circuit  fires  the 
other  OA4  release  tube  at  a prede- 
termined time  after  the  finder  cut- 

through  relay  operates  unless  the 
talk-listen  relay  is  operated  which 
discharges  the  capacitor  and  ex- 
tends the  timing  cycle.  This  feature 


releases  the  system  when  the  calling 
station  is  abandoned  by  the  calling 
party  without  releasing  the  system 
or  when  there  is  a circuit  failure 
following  the  operation  of  the  finder 
cut-through  relay.  When  a station 
calls  its  own  line  the  system  is 
automatically  released  by  the  ampli- 
fier feedback  voltage  which  fires  the 
OA4  tube. 


Voice-Controlled  Intercom  System 


The  Problem  of  designing  an  in- 
tercommunicating system  which 
does  not  require  manual  operation 
of  a talk-listen  switch  is  a rather 
interesting  one,  and  can  be  ap- 
proached in  various  ways.  The  sys- 
tem to  be  described  represents  a 
fairly  straightforward  develop- 
ment which  has  proved  highly  satis- 
factory after  prolonged  use  under 
typical  industrial  operating  condi- 
tions. 

The  installation  and  operation  is 
exactly  similar  to  that  of  the  usual 
simple  master-substation  system, 
where  the  substations  consist  of 
simple  p-m  loudspeakers,  except 
that  the  caller  at  the  master  station 
is  not  required  to  operate  a talk- 
listen  switch,  the  switching  being 
accomplished  electronically  by  the 
sound  of  his  voice. 

As  in  the  case  of  the  ordinary 
type  of  system,  a remote  station 
may  be  placed  in  any  kind  of  loca- 
tion, and  answered  at  almost  any 
distance  from  the  loudspeaker.  The 
master  station  is  expected  to  be  in- 
stalled in  a relatively  quiet  situa- 
tion, such  as  an  executive’s  office, 
but  the  requirements  for  its  suc- 
cessful operation  are  not  critical. 

After  a given  substation  has  been 
connected  by  operation  of  the  usual 
selector  switch,  sounds  originating 
at  the  substation  are  heard  nor- 
mally over  the  master  loudspeaker. 
However  instead  of  operating  a 
talk-listen  switch  when  he  wishes 
to  reply,  the  home  operator  has 
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only  to  speak  (above  a certain  low 
threshold  level)  and  the  system  is 
instantaneously  switched  to  the  out- 
going condition,  returning  to  nor- 
mal immediately  after  he  stops 
talking. 

Although  the  operator  at  the 
master  station  is  expected  to  be 
within  a few  feet  of  his  microphone 
(a  normal  situation  if  he  is  oper- 
ating the  selector  switch  anyway), 
the  threshold  adjustment  can  actu- 
ally be  set,  in  a quiet  location,  so 
that  he  can  carry  on  a conversation 
as  much  as  30  feet  away  from  it. 

The  principle  involved  in  this 
system  is  simple,  but  the  actual  de- 
velopment of  a workable  circuit 


presented  many  problems,  because 
of  the  necessity  of  precise  timing 
of  the  sequence  of  events. 

Circuit  Details 

The  circuit  details  appear  in  Fig. 
1 and  the  principle  of  operation  is 
illustrated  in  Fig.  2 in  simplified 
form. 

The  system  consists  roughly  of 
three  sections:  an  out-going  ampli- 
fier, incoming  amplifier,  and  a con- 
trol section.  The  amplifying  sec- 
tions are  conventional,  except  that 
low-frequency  response  is  inten- 
tionally made  very  poor. 

The  out-going  power  amplifier 
Vi  is  normally  inoperable  because 


FIG.  1 — Complete  schematic  diagram  oi  automatic  intercom  system.  Tubes  in  top 
row  comprise  outgoing  amplifier;  bottom  row  is  incoming  amplifier  (normally  on) 
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its  grid  is  held  by  the  plate  of  V2 
down  to  the  vicinity  of  —75  volts. 
Signals  originating  at  the  remote 
station  then  appear  at  the  grid  of 
V:,  and  are  heard  over  the  home 
loudspeaker.  The  separate  input 
transformer  (or  a separate  winding 
on  the  output  transformer  of  Vi  is 
necessary,  rather  than  connecting 
the  input  of  V,t  directly  to  the  plate 
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FIG.  2 — Simplified  block  diagram  of  voice- 
controlled  intercommunication  system 


of  Vu  to  prevent  plate-supply  dis- 
turbances from  appearing  at  this 
high-gain  input. 

Sounds  at  the  microphone  are 
amplified,  and  any  above  a certain 
level  (determined  by  the  setting  of 
the  threshold  control)  are  "able  to 
overcome  the  cut-off  bias  of  V*.  The 
output  of  this  high-[x  triode  is  then 
rectified  and  instantly  cuts  off  tri- 
ode V2,  so  that  Vi  is  quickly  re- 
turned to  operability,  at  a rate  de- 
termined by  R C . This  time  con- 
stant must  be  short  enough  so  that 
the  beginning  of  words  is  accu- 
rately reproduced,  yet  long  enough 
to  avoid  a disagreeable  thump  at  the 
receiving  end. 

Slightly  before  F,  becomes  oper- 
able (because  there  are  no  large 
time-constants  to  slow  it  up)  the 
grid  of  Vs  (normally  cut  off)  is 


driven  positive,  and  the  incoming 
amplifier  completely  and  silently 
blanked.  It  is  desirable  that  the 
blanking  operation  be  complete  and 
as  silent  as  possible,  as  well  as  in- 
.stantaneous ; therefore  the  rather 
complicated  arrangement  shown  is 
used. 

The  plate  of  Ve  is  pulled  to 
ground,  making  this  tube  inoperable 
as  an  amplifier,  and  at  the  same 
time  the  direct-coupled  grid  of  Fr 
is  restrained  from  going  any 
further  negative  than  ground,  so 
that  no  click  is  apparent. 

When  the  sound  at  the  microphone 
ceases,  the  negative  charge  leaks 
off  C2,  F,  is  then  instantly  blanked, 
and  the  clamping  of  F7  released 
shortly  thereafter.  (As  all  coupling 
time-constants  are  very  small,  the 
effect  of  the  heavy  overload  on  Fg 
caused  by  the  outgoing  signal  has 
been  dissipated  by  the  time  Ft  re- 
turns to  operability,  so  that  no  dis- 
turbances are  heard  over  the  loud- 
speaker.) 

Operatio'fl 

It  is  obvious  that  ordinarily 
sounds  issuing  from  the  home  loud- 
speaker would  be  able  to  affect  the 
home  microphone  as  well  as  desired 
sounds  (This  would  not  cause  how- 
ling as  in  an  ordinary  system,  but 
a form  of  slow  motor-boating  as  the 
system  is  periodically  switched 
from  one  condition  to  the  other). 
Therefore  part  of  the  output  of  Ft 
is  rectified  (Fg)  and  applied  in  se- 
ries with  the  normal  d-c  threshold 
bias  to  the  grid  of  F4.  As  this  addi- 
tional bias  is  always  proportional  to 
the  amplitude  of  sound  issuing  from 
the  loudspeaker,  such  sound  can 
never  be  loud  enough  to  take  con- 
trol of  the  system.  This  mechanism 
is  aided  by  the  slight  acoustical  lag 
before  sound  from  the  loudspeaker 
can  reach  the  microphone. 

In  cases  of  loud  ambient  sound  at 


the  remote  station,  the  home  sta- 
tion operator  has  merely  to  talk 
slightly  louder  than  the  sound  issu- 
ing at  the  moment  from  his  loud- 
speaker to  gain  instant  control  at 
any  time.  However,  it  is  found  that 
most  conversations  are  necessarily 
conducted  with  comparative  quiet 
obtaining  at  both  ends,  so  that  the 
home  loudspeaker  is  generally  prac- 
tically silent  when  the  home  oper- 
ator wishes  to  talk. 

For  example,  a machine  tool  op- 
erator at  the  remote  end  will  always 
have  to  shut  down  his  machine,  or, 
come  closer  in  order  to  be  able  to 
hear  above  the  din.  The  talker  at 
the  home  station  can  also  adjust 
his  incoming  volume  control  to  give 
a level  satisfactory  for  any  particu- 
lar conversation,  although  this  is 
not  usually  necessary. 

The  microphone  may  be  located 
very  close  to  the  home  loudspeaker, 
even  in  the  same  cabinet  if  desired. 
However,  better  results  are  possible 
if  they  are  separated  by  a few  feet. 

(A  convenient  arrangement 
which  has  been  suggested  would  be 
to  combine  a small  microphone  with 
the  selector  pushbuttons  in  a com- 
pact unit  for  the  desk,  while  the 
rest  of  the  equipment  could  be  in- 
stalled in  some  out-of-the-way  loca- 
tion nearby.) 

The  system  described  above  was 
used  for  a prolonged  period  in  a 
shipyard,  the  master  station  being 
located  in  the  main  office,  with  sub- 
stations in  a boat-shed,  mill  build- 
ings, machine  shop,  blacksmith 
shop,  and  an  outdoor  location;  and 
operation  proved  completely  reliable 
and  highly  satisfactory  under  all 
circumstances. 

In  the  interests  of  simplicity, 
unnecessary  details,  such  as  dis- 
tribution switching  and  provision 
for  initiating  calls  from  the  remote 
stations  have  been  omitted  from  the 
schematic  diagram. 
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Voice-Switched  Intercom 

Talk-listen  switch  is  eliminated  by  using  four-terminal  repeater  with  flip-flop  multi- 
vibrator that  unblocks  gated  amplifiers  alternately  30  times  a second.  Arriving  voice 
signals  stop  flip-flop  and  keep  desired  channel  open  without  clipping  syllables 


Proper  functioning  of  a fully 
automatic  system  for  two-way 
wire  transmission  of  voice-fre- 
quency signals  depends  on  the  exist- 
ence of  appropriate  signals  which 
can  initiate  switching  in  the  proper 
direction.  Such  a system  elimin- 
ates the  need  for  manual  talk-listen 
switches  at  the  master  station  or 
at  all  substations. 

Separate  microphones  have  been 
used  in  a number  of  practical  inter- 
communicators to  initiate  automatic 
switching.  In  these  systems  the 
arrival  of  sound  above  a minimum 
threshold  level  at  the  microphone 
provides  the  control  signals.  Such 
devices  have  given  highly  satisfac- 
tory service  in  the  past.^  * 

Many  experimental  automatic  in- 
tercommunicators have  been  de- 
signed around  voice-operated  relays 
similar  to  the  Vodas*  used  in  car- 
rier-type telephone  systems.  In 
general,  these  suffer  from  excessive 
complexity  and  maintenance  difficul- 
ties. 

There  exists  a fundamental  dif- 
ference between  terminal  conditions 
in  Vodas  systems  and  in  intercom- 
municators. In  the  first,  signal-to- 
noise  ratios  are  determined  by  line 
noise  and  radio-link  interference 
signals.  Rapid  break-in  operation 
is  highly  desirable  to  approximate 
the  conditions  of  the  normal  tele- 
phone conversation.  A switching 
arrangement  responsive  to  the 
syllabic  content  of  speech  is  there- 
fore indicated. 

In  intercommunicators,  line  and 
equipment  noises  are  usually  mini- 
mal, but  the  system  must  differenti- 
ate between  ambient  acoustic  noise 
and  the  desired  voice  signal.  In 
addition,  signals  at  the  considerable 
power  level  necessary  for  loud- 
speaker operation  must  be  handled. 
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increasing  the  difficulties  resulting 
from  circuit  switching  transients. 
Therefore,  slower  switching  speeds 
than  those  encountered  in  the  Vodas 
and  in  electronically  switched  car- 
rier systems*  appear  to  be  necessary. 

The  admittedly  higher  first  cost 
of  a selfswitching  intercommuni- 
cator is  frequently  justified  by  the 
conditions  under  which  it  is  ex- 
pected to  perform.  A fully  auto- 
matic system  like  that  to  be  de- 
scribed permits  a much  larger 
radius  of  mobility  for  the  partici- 
pants. 

Gated  Amplifiers 

The  diagram  in  Fig.  1 shows  how 
automatic  switching  is  achieved  in 
an  intercommunicator  developed  for 
office  and  industrial  use.  The  two 
identical  channels  contain  gated 
amplifiers  that  are  unblocked  alter- 
nately 30  times  per  second  by  a flip- 
flop  multivibrator  that  feeds  the 


gated  tubes  in  opposite  phase.  In 
addition,  each  channel  has  its  own 
control  circuit  that  keeps  the  chan- 
nel open  if  a voice  signal  reaches  it 
during  the  l/60th-second  interval 
when  its  gated  amplifier  is  un- 
blocked. 

In  the  absence  of  sounds  above 
ambient  level  at  either  speaker,  the 
outputs  of  the  gated  amplifiers  con- 
sist of  residual  hum  and  noise  sig- 
nals (approximately  1 volt  peak-to- 
peak)  keyed  on  and  off  30  times  per 
second.  Normal  voice  levels  at  either 
speaker  will  therefore  appear  at 
the  output  of  the  corresponding 
gated  amplifier  within  a maximum 
of  l/60th  second.  These  gated-am- 
plifier  output  signals  will  normally 
exceed  5 volts  peak-to-peak,  and  are 
hence  well-suited  to  initiate  the 
required  switching  operation  since 
they  result  from  the  presence  of  an 
adequate  sound  signal  and  are 
simultaneously  sense-directed. 


•CHANNEL  NO.  I 


CHANNEL  NO.  2 


FIG.  1 — Twenty  stages,  some  using  halves  of  dual-function  tubes,  keep  either 
channel  open  as  long  as  voice  signals  are  present  and  permit  other  channel  to 
take  over  quickly  at  end  of  message 
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In  the  control  circuits,  these  sig- 
nals are  amplified  and  rectified, 
yielding  a d-c  control  voltage  which 
removes  the  cutoff  bias  from  the 
output  tube  and  stops  the  60-cycle 
triggers  normally  applied  to  the 
flip-flop  circuit.  This  locks  the  flip- 
flop,  holding  the  proper  gated  am- 
plifier in  the  on  position  and  permit- 
ting sound  signals  to  keep  the 
channel  open  via  its  own  control 
circuits.  At  the  same  time  the 
gated  amplifier  in  the  other  channel 
is  held  in  the  off  position  by  the 
locked  flip-flop.  Therefore,  its  con- 
trol circuit  obtains  no  signal  and 
the  power  output  stage  of  this  chan- 
nel remains  biased  beyond  cutoff. 

Complete  plate-current  cutoff  is 
required  to  eliminate  residual  hum 
and  circuit  noise  components  as  well 
as  to  prevent  feedback  through  the 
system  and  resultant  howling  dur- 
ing standby  conditions,  since  the 
output  transformer  is  common  to 
the  input  of  the  other  channel.  It 
is  important  that  the  signal-noise 
ratio  at  the  output  of  the  gated 
amplifier  be  as  high  as  practicable, 
since  a ratio  of  at  least  4 to  1 is  re- 
quired at  this  point  to  prevent 
erratic  operation. 

A front-panel  control  is  used  to 
reduce  the  gain  of  the  control  cir- 
cuit signal  amplifiers  so  as  to  pre- 
vent high  ambient  noise  levels  at 
either  terminal  from  locking  the 
system  in  its  direction.  With  re- 
duced gain  it  is  necessary  to  raise 
one’s  voice  at  that  station,  but  this 
is  required  anyway  with  conven- 
tional intercommunicators  to  re- 
main intelligible  despite  the  mask- 
ing effect  of  the  ambient  noise. 

When  voice  signals  cease  in  a 
channel,  the  d-c  output  in  its  control 
circuit  drops  to  zero,  the  output 
tube  of  the  channel  is  cut  off,  and 
the  60-cycle  triggers  are  again  per- 
mitted to  reach  the  flip-flop,  which 
resumes  its  keying  function. 

Operating  Requirements 

In  order  to  assure  reliability  of 
circuit  operation  the  following  con- 
siderations must  be  taken  into 
account : 

(1)  The  events  originated  by  the 


control  circuit  must  be  in  proper 
time  sequence. 

(2)  The  outputs  of  the  gated  am- 
plifiers during  their  on  periods  must 
contain  only  signals  fed  by  their 
respective  preamplifiers.  Thus,  the 
keying  signal  itself  must  not  appear 
in  the  output. 

(3)  The  control  circuits  must  re- 
spond rapidly  enough  to  prevent 
initial  syllable  clipping  due  to  re- 
tarded removal  of  output  tube  cut- 
off bias, 

(4)  To  preserve  naturalness  of 
speech,  intersyllable  response  of 
the  control  circuits  must  be  slow 
enough  to  prevent  choppy  speech, 
but  sufficiently  rapid  to  permit 
quick  channel  reversal  after  term- 


ination of  a message. 

(5)  In  their  off  position  the 
gated  amplifiers  must  be  capable  of 
blocking  the  high-level  signals  ar- 
riving from  the  preamplifier,  whose 
input  is  being  driven  by  the  output 
of  the  other  channel. 

(6)  Despite  their  relative  large 
number,  individual  stages  should 
be  simple  and  employ  a minimum 
number  of  components. 

Proper  sequencing  of  events  dic- 
tates mainly  that  the  flip-flop  cir- 
cuit be  locked  before  the  output 
tube  in  the  live  channel  is  made 
operative.  Also,  the  flip-flop  must 
resume  operation  only  after  the  out- 
put tube  is  completely  cut  off  and 
all  transients  in  the  corresponding 


FIG.  2 — Amplifiers  and  control  circuits.  Power  supplies  and  station-switching 
arrangements  are  conventional  hence  not  shown 
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transformer  have  died  out.  In  this 
connection  it  is  important  to  regu- 
late the  rate  at  which  the  output 
tube  is  biased  toward  cutoff  since 
this  determines  largely  the  char- 
acter of  the  resultant  transient. 
Similarly,  the  rate  of  response  of 
the  trigger  signal  circuits  feeding 
the  flip-flop  must  be  accurately  con- 
trolled. The  initial  response  may 
be  made  nearly  instantaneous  while 
the  release  period  must  be  held 
within  0.1  to  0.25  second.  Lower 
values  decrease  the  stability  of  the 
system  and  higher  values  prolong 
the  time  taken  to  reverse  direction 
of  transmission  after  cessation  of  a 
message. 

In  order  to  prevent  the  square- 
wave  keying  signal  from  appearing 
in  the  output  of  the  gated  amplifier, 
the  signal  is  caused  to  balance  out 
in  the  plate  circuit  of  the  twin- 
triode  by  applying  the  square-wave 
keying  signals  out  of  phase  to  the 
cathodes.  Thus  no  component  of 
the  keying  signal  appears  across  the 
plate  load  of  the  gated  amplifier. 

Circuit  Details 

The  complete  circuit  of  the  voice- 
switched  intercommunicator  ap- 
pears in  Fig.  2.  Here  it  can  be 
seen  that  the  gated  amplifiers  are 
driven  by  the  flip-flop  through 
cathode  followers  to  isolate  the 
channels  and  to  make  it  possible  to 
balance  out  individually  the  two 
gated  amplifiers.  Semiadjustable 
controls  Ri  and  are  provided  for 
this  purpose.  The  stability  of  the 
adjustment  is  such  that  it  main- 
tains balance  within  0.25  volt  over 
long  periods  of  time  and  large  line 
voltage  variations.  Stability  de- 
pends only  on  the  characteristics  of 
the  gated  tube  itself  and  not  on 
those  of  the  cathode  followers  or 


the  cathode  follower  grid  signal 
waveform,  provided  each  cathode 
follower  and  its  controlled  amplifier 
section  are  alternately  driven  be- 
yond cutoff. 

The  amplitude  of  the  rectangular 
keying  signal  between  cathode  and 
ground  is  made  approximately  10 
volts  peak  to  peak.  The  gain  of  the 
gated  amplifier  under  these  operat- 
ing conditions  is  thus  that  of  an 
ordinary  cathode-degenerated  stage. 
Reducing  the  filament  voltage  of 
the  gated  tubes  (Vs  & Fu)  mini- 
mizes the  hum  components  devel- 
oped across  the  unbypassed  cathode 
resistance.  Overall  gain  of  the  am- 
plifiers (voice  coil  to  plate  of  gated 
amplifier)  is  95  db  at  1 kc. 

Rapidity  of  response  is  largely  a 
function  of  the  gain  incorporated 
into  the  control  circuit  signal  ampli- 
fier and  of  the  RC  time  constants 
in  the  control  rectifier.  Components 
Rs  and  primarily  determine  the 
bias  decay  and  prevent  a thumping 
noise  every  time  plate  current  is 
restored. 

To  prevent  gate  breakdown  by 
high  signal  levels,  the  gated  ampli- 
fiers are  protected  by  two  1N34 
germanium  diodes  which  restrict 
the  input  signal  to  8 volts  peak  to 
peak.  Short  time  constants  in  the 
coupling  networks  prevent  the  key- 
ing signal  balance  from  being 
affected  by  the  peak  clippers.  Grid 
limiting  in  the  preamplifier  keeps 
the  signal  peaks  applied  to  the  clip- 
per diodes  below  50  volts. 

Trigger  pulses  for  the  flip-flop 
originate  in  Va  and  Vv,,  whose 
cathodes  are  driven  by  a halfwave- 
rectified  60-cycle  pulse  of  large  am- 
plitude. The  resultant  square-waves 
developed  across  the  plate  load  re- 
sistors are  differentiated  by  R»Ca 
and  RiCi  and  applied  to  the  first  and 


second  control  element  of  a 2050 
thyratron  coincidence  trigger  gen- 
erator biased  beyond  cutoff.  The 
simultaneous  arrival  of  both  trigger 
signals  will  result  in  a plate-current 
pulse  whose  steep  leading  edge  trig- 
ers  the  flip-flop  through  Cs  and  Ce. 
Appearance  of  rectified  d-c  control 
voltage  at  the  grids  of  either  Va 
or  Fi3  reduces  the  corresponding 
trigger  signal  applied  to  the  thyra- 
tron below  the  firing  level.  As  a 
consequence  the  flip-flop  maintains 
its  instantaneous  equilibrium  state 
until  all  d-c  voltages  have  disap- 
peared and  released  Fg  and  Vis. 

A number  of  experimental  models 
have  been  built  for  office  intercom- 
munication. They  are  housed  in 
small  cabinets  containing  the 
master  speaker  and  a pushbutton 
arrangement  for  selection  of  out- 
going lines.  In  the  standby  position 
the  incoming  amplifier  input  is 
grounded,  hence  plate  current  in  the 
output  tube  is  cut  off  and  the  master 
speaker  is  absolutely  silent.  Pro- 
vision is  made  to  permit  each  sub- 
station to  sound  an  annunciator  at 
the  master  to  originate  a call.  The 
units  are  powered  by  selenium  recti- 
fiers and  simple  RC  filters.  Power 
supplies  and  switching  arrange- 
ments are  conventional. 
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Voice-Operated  Busy  Signal 


Certain  special  types  of  telephone 
networks  use  voice  calling  over  a 
single  speaker  for  a multiplicity  of 
lines.  The  circuit  shown  in  Fig.  1 
enables  the  party  at  the  called  end 
to  identify  the  particular  line  on 
which  the  voice  call  is  being  heard. 
The  system  is  voice  operated,  and 
its  sensitivity  is  such  that  low-level 
talking  will  light  an  appropriate 
lamp,  but  noise  will  not. 

Since  voice  talking  levels  rarely 
exceed  + 10  vu  (10  milliwatts), 
and  are  often  as  low  as  — 30  vu  (1 
microwatt) , an  amplifier  is  re- 
quired; and  since  line  noise  will 
also  be  amplified,  some  kind  of  fre- 
quency discrimination  is  required 
to  prevent  false  operation.  Another 
design  factor  is  adjustment  of  re- 
lease delay  time,  so  that  the  busy 
signal  will  not  flash  between  words 
or  short  pauses. 

Input  resistors  Ri  and  Rs  assist 
in  providing  high  input  impedance 
so  that  the  transmission  loss  caused 
by  bridging  the  busy  signal  across 
the  line  is  small.  With  no  input 
signal  Va  is  biased  almost  to  cutoff 
by  the  voltage  drop  across  Ra,  and 
the  relay  is  non-operated.  When 
speech  appears  on  the  line,  it  is 
amplified  by  Vi  and  Va.  The  output 
signal  current  of  Va  flows  mostly 
through  the  combination  of  Ci  Cs, 
and  Ri,  since  the  relay  winding  has 
a very  high  impedance.  The  signal 
is  rectified  by  the  copper-oxide 


FIG.  1 — ^Voice-operated  busy  signal  op- 
erates on  low-level  speech,  but  ignores 
line  noise 


varistors  and  appears  as  a positive 
charge  on  the  left  side  of  Cs.  This 
charge  drives  the  control  grid  posi- 
tive and  the  resultant  increase  in 
plate  current  operates  the  relay 
whose  contacts  are  used  to  control  a 
lamp  or  other  indicator. 

When  speech  ceases,  the  charge 
.across  Cs  will  leak  off  to  ground 
through  the  back  resistance  of  the 
rectifiers  and  R^.  When  the  plate 
current  has  decreased  to  the  value 
of  current  at  which  the  relay  re- 
leases, the  lamp  or  indicator  is 
extinguished. 

The  release  or  holdover  time  of 
the  relay  is  governed  by  the  rate  of 
discharge  of  Cs,  which  depends 
primarily  on  Rs  and  the  back  re- 
sistance of  the  rectifiers.  By  ad- 
justing Rs,  the  release  time  may  be 
varied  from  approximately  three  to 
ten  seconds. 

Discrimination  between  noise 
and  signal  is  obtained  by  frequency 


weighting.  This  is  accomplished  in 
the  voice-operated  busy  signal  cir- 
cuit by  attenuating  the  frequencies 
below  about  300  cycles  in  the  input 
transformer,  and  by  attenuating 
frequencies  above  about  3,000  cycles 
by  by-passing  them  to  ground 
through  a 0.01-[xf  capacitor.  The  in- 
put transformer  is  wound  on  the 
core  of  a G-type  relay,  and  has  a 
sufficiently  low  mutual  inductance 
to  suppress  the  low  frequencies  and 
yet  have  a satisfactory  response  in 
the  middle  voice-frequency  range. 
The  frequency  response  of  the 
voice-operated  busy  signal  is  illus- 
trated in  Fig.  2. 

The  circuit  described  was  devel- 
oped by  the  Bell  Telephone  Labor- 
atories for  use  by  the  Interstate 


FIG.  2 — Frequency  response  of  the 
voice-operated  busy  signal 

Airways  Communications  Stations 
of  the  CAA.  It  is  presented  in 
somewhat  more  detail  in  the  Bell 
Laboratories  Record  for  December, 
1949,  by  E.  C.  Borman. 
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Improved  Speech  Inverter  System 

Privacy  circuit  for  radio  or  telephone  line  employs  double  modulation  of  the  conversion 
frequency  and  is  controlled  both  by  the  speech  input  and  the  average  level  of  speech 
input.  Frequency  response  is  corrected  by  an  R-C  equalizer  network.  Broad  dynamic 
range,  low  background  noise  and  low  distortion  are  assured 


USERS  of  wire  line,  and  partic- 
ularly radiotelephone  serv- 
ice, can  never  be  assured  complete 
secrecy  of  their  communications 
despite  laws  made  for  their  protec- 
tion. When  circumstances  justify 
the  expense  of  necessary  terminal 
equipment,  speech  scramblers  or  in- 
verters are  used  that  make  it  virtu- 
ally impossible  to  decode  or  un- 
scramble the  enroute  message  with- 
out authorization.  Owing  to  the 
confidential  character  of  such  sys- 
tems the  literature  gives  a very 
meagre  coverage  of  specific  details, 
although  the  basic  principles  have 
been  published.^ 

This  article  describes  an  im- 
proved speech  inverter  system  em- 
ploying equipment  that  is  simple  in 
design.  In  operation,  the  adjust- 
ments to  the  variable  components 
are  not  critical  and  the  overall  tol- 
erances are  fairly  broad. 

Design  Considerations 

Common  practice  in  speech  in- 
verters is  to  let  the  intelligence 


• Formerly  RCA  Victor  Argentina, 
Buenos  Aires,  Argentina. 


By  L.  L.  KOROS 

flow  through  a low-pass  filter  that 
prevents  higher  frequencies  not  es- 
sential to  the  intelligibility  of 
speech  from  passing  into  the  cir- 
cuits that  follow.  The  limit  is  often 
chosen  at  2,700  cps. 

The  speech  frequency  band,  f,  ^ 
2,700  cps,  is  introduced  into  a mod- 
ulator, together  with  the  inversion 
frequency  /„  which  is  usually  3,000 
cps.  There  are  speech  inverters  us- 
ing several  inversion  frequencies  to 
increase  the  difficulties  for  unau- 
thorized reinversion.  The  method 
described  here  can  be  applied  to 
more  complex  systems,  also.*  This 
frequency  of  inversion  is  modu- 
lated by  the  intelligence  /,  ^ 2,700 
cps.  The  modulator  is  generally  a 
balanced  type.  It  produces  different 
frequency  groups,  the  more  im- 
portant being  fc  + f,  and  /.  — /,. 
The  output  from  the  modulator 
flows  through  a second  low-pass  fil- 
ter with  the  same  frequency  limit 
of  2,700  cps.  By  this  process  the 
fc  + f,  group  is  suppressed  and  the 
transmitted  frequency  spectrum  is 
300  to  2,700  cps. 

Frequencies  lower  than  300  cps 


FIG*  1 — Two-channel  speech  inverter  showing  connection  through  hybrid  unit  to  line 


riG.  2 — Distortion  in  the  speech  inverter  system  used  lor  a complete  circuit  with  three 

input  levels 


produce  higher  fc  — f,  frequencies 
than  2,700  cps.  They  are  rejected 
by  the  second  filter  and  frequencies 
higher  than  2,700  cps  are  not  intro- 
duced into  the  modulator.  The  400- 
cps  frequency  in  the  passband  be- 
comes (after  modulation  and  the 
second  filtering  process)  3,000  — 
400  = 2,600  cps.  The  2,600  cps  be- 
comes 3,000  — 2,600  = 400  cps. 
From  the  lower  frequency  is  pro- 
duced a higher  one  and  from  the 
higher,  a lower  one.  Thus  the  fre- 
quency spectrum  is  inverted.  The 
center  frequency  of  1,500  cps  re- 
mains as  before.  This  inverted  fre- 
quency group  is  transmitted  in  the 
normal  manner.  A radio-frequency 
carrier  can  be  modulated  with  the 
inverted  signal,  or  the  inverted  sig- 
nal is  sent  over  a telephone  line. 

Unscrambling 

If  at  the  receiving  end  the  incom- 
ing signal  is  treated  in  exactly  the 
same  manner  as  the  original  input 
intelligence  in  the  sending-end 
equipment,  the  inverted  intelligence 
will  be  reinverted.  The  inverted  in- 
telligence cannot  be  understood,  but 
the  reinverted  signal  has  the  same 
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intelligibility  as  the  original  input, 
provided  the  process  of  inversion 
and  reinversion  has  not  introduced 
extreme  distortion. 

There  are  several  sources  of  dis- 
tortion. The  internal  carrier  fre- 
quency of  3,000  cps  may  be  present 
in  the  output  line  because  it  is  not 
balanced  out  with  sufficient  accu- 
racy by  the  modulator  or  is  not 
suppressed  to  the  necessary  low 
degree  by  the  second  filter.  In  this 
case,  the  3,000  cps  introduces  a dis- 
agreeable background  noise.  This 
tone  may  be  mixed  with  the  hum 
frequency  and  harmonics  of  the 
power  supply.  The  hum  level  be- 
comes more  disturbing  in  the 
speech  inverter  than  in  a common 
amplifier  because  the  modulation 
factor  of  the  intelligence  on  the 
3,000-cps  carrier  must  be  low,  as 
will  be  shown  later. 

Further  distortion  is  produced 
by  the  modulation  of  the  3,000-cps 
carrier.  In  addition  to  the  lower 
and  upper  sidebands  the  2 /„  = 
6,000  cps  and  2 /,  frequency  groups 
are  frequently  present  in  the  output 
of  the  modulator  circuits.  The  /„ 
2 fc,  f,  and  2 f,  frequency  groups 
produce  cross-modulation  frequen- 
cies. Many  of  these  cross  modula- 
tion products  are  in  the  passband 
of  the  filter  and  therefore  cannot 
be  eliminated ; or  they  are  not  in  the 
passband  but  are  not  suppressed 


sufficiently  in  the  second  low-pass 
filter.  The  2/*  = 6,000  cps  and  also 
Sfc  = 9,000  cps  carrier  harmonics 
contribute  to  the  background  noise 
of  the  speech  inverter. 

The  inverted  intelligence  is  3,000 
— The  2f,  distortion  group  is  in 
one  octave  ratio  with  the  incoming 
intelligence,  that  is,  it  is  not  in- 
verted. The  doubling  of  the  input 
frequency  does  not  impede  the  in- 
telligibility of  the  speech.  If  the 
level  of  this  distortion  is  high 
enough  the  input  direct  intelligence 
can  be  understood  with  a common 
receiver.  In  this  event  the  purpose 
of  the  speech  inversion,  which  is 
privacy,  will  not  be  fulfilled.  Fur- 
thermore, after  passing  this  tone 
mixture  into  a receiver  speech-in- 
verter channel,  the  inverted  part  of 
the  speech  will  be  reinverted,  and 
the  distortion  group  of  double  fre- 
quency will  be  inverted.  This  kind 
of  distortion  produces  a dissonant 
effect. 

Distortion 

Another  type  of  distortion  is 
often  produced  by  detection  of  r-f 
fields  from  the  communications 
transmitter  when  the  speech  inver- 
ter is  near  by.  The  modulator  of 
the  speech  inverter  inherently  tends 
to  detect  r-f  fields.  The  leakage  r-f 
field  carries  inverted  speech.  This 
signal  will  be  reinverted  and  intro- 


duced again  to  the  transmitter 
speech  input.  Heavy  distortion,  or 
in  some  cases  regenerative  singing, 
will  be  produced  in  this  way. 

A type  of  possible  distortion  is 
related  to  the  two  low-pass  filters. 
It  is  hard  to  meet  good  frequency 
response  because  the  lowest  fre- 
qency  of  maximum  attenuation, 
which  is  3,000  cps,  must  be  near  the 
highest  passband  frequency.  The 
requirements  are,  however,  that 
2,700  cps  must  be  transmitted  al- 
most without  attenuation.  The  cut- 
off frequency  of  the  filters  must  be 
chosen,  therefore,  near  2,800  cps. 
Considerations  of  economy  often 
make  it  difficult  to  use  filters  with 
high-Q  coils.®'*  Even  expensive 
coils  with  Q between  100  and  130  do 
not  give  satisfactory  results. 

The  passband  of  300  to  2,700  cps 
can  be  considered  the  narrowest 
possible  for  speech  transmission. 
If  the  inadequate  frequency  re- 
sponse of  the  filters  reduces  the 
transmission  of  frequencies  on  both 
sides  of  the  center  frequency  of  this 
narrow  band  and  if,  in  addition, 
distortion  frequencies  from  the  in- 
adequate conversion  process  are 
present  at  a considerable  level  in 
the  speech  output,  the  intelligibility 
will  suffer  seriously. 

If  the  level  of  the  conversion  fre- 
quency, fc,  be  high,  the  distorting 


FIG.  3 — Circuit  diagram  ol  the  receiver  channel  of  the  q>eech  inverter  system 
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terms  of  the  double  intelligence,  2f„ 
and  the  cross-modulation  products 
between  the  2/,  and  2/*  terms  be- 
come lower.  By  increasing  the 
ampliture  of  /„  however,  the  unsup- 
pressed portion  of  the  same  and  of 
2/e  and  3/,  becomes  more  disturbing. 
If  more  filter  sections  of  the  same 
quality  are  used  to  attenuate  these 
frequencies  the  frequency  response 
in  the  passband  will  be  worse.  The 
requirement  of  low  distortion  is 
contradictory  to  the  requirement  of 
low  background  noise.  It  was 
recognized  as  a further  difficulty 
that  tlie  level  of  /«,  which  is  ad- 
justed to  the  average  speech  level, 
is  not  sufficient  for  hich  sneech  in- 
put level  and  is  excessive  for  low 
speech  input  level  or  for  the  case  of 
no  speech  input.  The  designer  must 
meet  contradictory  requirements. 

The  New  System 

To  reduce  the  distortions  to  neg- 
ligibly low  values  and  to  assure  a 
low  background  noise  level  an  im- 
proved system  has  been  introduced. 
The  favorable  results  are  obtained 
by  controlling  the  level  of  the  con- 
version frequency.  The  conversion 
frequency  is  modulated  by  the 
speech  input,  as  in  conventional 
circuits,  but  it  is  also  modu- 
lated by  the  average  level  of  the 
speech  input.  The  frequency  re- 
sponse is  corrected  by  an  R-C 
equalizer  network. 

Figure  1 shows  the  block  diagram 
of  the  new  speech  inverter  system. 
The  speech  inverter  is  composed  of 
transmitter  and  receiver  channels. 
The  receiver  unit  contains  the 

3,000-cps  oscillator ; the  transmitter 
unit  contains  the  power  supply.  All 
other  components  for  the  two  chan- 
nels are  identical. 

The  input  attenuator  reduces  the 
reactive  component  of  the  input 
channel  impedance  to  an  insignifi- 
cant value.  The  3,0()0-cps  oscillator 
excites  the  expander.  The  speech 
level  rectifier  controls  the  3,000-cps 
output  of  the  expander.  If  the 
speech  level  rises,  the  expander 
feeds  more  3,000-cps  carrier  to  the 
balanced  modulator.  If  the  speech 
level  is  below  a minimum  value  or  if 


there  is  no  speech  input  at  all  the 

3,000-cps  signal  in  the  modulator 
goes  down  to  a low  standby  level. 

This  standby  level  is  chosen  so 
low  that  the  residual  3,000  cps  and 
the  harmonics  of  it  are  better  than 
—50  db  below  1 milliwatt  at  the  out- 
put of  the  channel  and  are  conse- 
quently inaudible.  If  the  speech 
level  rises,  the  level  of  the  3,000-cps 
tone  and  the  residual  of  it  rises  too. 


FIG.  4 — ConTerslon  ond  signed  fre* 
quency  IsTsls 


Nevertheless,  it  is  not  noticeable 
because  it  is  masked  by  the  speech. 
Although  high-level  intelligence  is 
flowing  through  the  speech  inverter 
channel,  the  3,000-cps  signal  and 
harmonics  are  still  at  a relatively 
low  level.  As  shown  in  Fig.  2,  the 
rms  sum  of  the  remanent  3,000-cps 
signal,  harmonics  of  it  and  beats 
of  it  with  the  distortion  products  of 
the  incoming  intelligence  remain 
below  a low  percentage.  The  input 
intelligence  will  be  equalized,  and 
after  the  first  filter,  will  be  fed  into 
the  balanced  modulator.  After  the 
modulator  are  amplifier  stages  and 
a second  filter  as  in  the  conventional 
speech  inverters. 

This  speech  inverter  has  no  gain 
or  loss.  The  amplifier  stages  merely 
compensate  for  the  losses  of  the 
attenuator  and  equalizer.  The 
normal  dynamic  range  of  the  input 
and  output  is  from  —12  vu  to  +8 
vu,  but  no  excessive  distortion  can 
be  observed  if  the  speech  level  on 
the  line  rises  to  as  much  as  +24  vu 
(250  mw).  With  the  expander,  the 
level  of  fc  will  be  controlled  so  that 
a previously  fixed  ratio  will  be  as- 
sured between  the  /*  and  f,  levels. 


It  was  determined  experimentally 
that  an  optimum  result  can  be  ob- 
tained by  keeping  the  level  of  the 

3,000-cps  signal  at  25  to  30  db 
higher  in  the  modulator  than  the 
level  of  the  intelligence.  This  level 
difference  assures  the  lowest  dis- 
tortion due  to  the  2/,  terms  and 
their  beat  products.  The  transmit- 
ter and  the  receiver  channels  may 
be  coupled  by  a hybrid  unit  to  the 
telephone  line. 

Circuit  Analysis 

The  Si  and  S2  switch  system 
shown  in  Fig.  3 inserts  or  removes 
the  channel  from  the  line.  This 
type  of  switching  can  be  done  be- 
cause the  input  and  output  levels 
are  the  same.  The  intelligence, 
after  passing  equalizer  elements, 
the  function  of  which  is  described 
below,  reaches  one  grid  of  the  6SN7 
double  triode  and  also  the  input 
terminal  of  the  two-section  filter  Z,. 
The  first  section  of  the  6SN7  works 
as  an  amplifier,  the  second  section 
as  a diode  rectifier  and  produces 
with  its  filter  system  (comprising 
Rvi,  Ri»,  Ru,  C.,  Cio  and  Cu)  a fluctu- 
ating d-c  voltage.  This  voltage  is 
positive  with  respect  to  ground  and 
its  value  depends  on  the  speech  in- 
put level.  The  fluctuation  is  re- 
tarded by  the  time  constant  of  the 
filter  elements.  The  optimum  value 
of  the  time  constant  is  about  0.1 
second.  The  fluctuating  d-c  voltage 
more  or  less  neutralizes  the  nega- 
tive bias  of  the  type  1612  variable-/! 
pentode.  The  first  grid  of  the  pen- 
tode is  excited  by  the  3,000-cps  out- 
put of  the  type  6SJ7  oscillator  tube, 
into  one  of  the  primary  windings  of 
Ti  is  fed  the  amplified  3,000-cps 
tone,  the  amplitude  of  which  is 
fluctuating  with  the  speech-input 
level. 

The  network  Rw,  Cu  is  designed 
so  that  transients,  produced  by  the 
changes  of  the  plate  current  of  the 
1612  tube  and  which  are  the  conse- 
quence of  sudden  speech  level 
changes,  cannot  be  detected  on  the 
secondary  winding  of  T^.  The  input 
filter  C4,  Ra,  Cs,  Ri  prevents  fre- 
quencies below  300  cps,  which  are 
out  of  the  passband,  from  expand- 
ing the  3,000  cps  level. 
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In  transformer  Ti  the  filtered  in- 
telligence is  added  to  the  fluctuating 
3,000-cps  carrier  frequency.  The 
6H6  tube  acts  as  a balanced  modula- 
tor to  produce  the  fc  -1-  f,  and  /„  — f, 
sidebands.  The  correct  setting  of  po- 
tentiometer Rss  assures  the  balance. 
The  predetermined  level  difference 
between  the  3,000-cps  and  the  in- 
telligence on  the  plates  of  the  6H6 
in  the  dynamic  range  is  assured  by 
setting  of  the  bias  values  and  the 
level  of  the  3,000-cps  excitation  on 
the  type  1612  tube. 

The  level  of  the  3,000-cps  signal 
on  the  plates  of  the  6H6,  for  very 
low  intelligence  input,  is  higher 
than  30  db  with  respect  to  the  in- 
telligence. For  very  high  input  it 
is  less  than  30  db,  but  not  less  than 
20  db.  Nevertheless,  the  speech 
inverter  cannot  be  overloaded  by 
loud  speaking.  With  the  most  ex- 
cessive input  level  the  2f,  group 
cannot  become  higher  than  about 
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FIG.  5 — Curve  1 is  response  of  one  chom- 
nel  without  equaliser;  curve  2 shows  re- 
sponse of  the  equalizer  alone;  curve  3 
is  response  oi  one  equalized  channel. 
Curve  4 (Fig.  SB)  is  the  frequency  re- 
sponse for  inversion  and  reinversion 
without  equalizer;  and  curve  5 is  the 
same  using  the  equalizer 


5 percent  of  the  total ; therefore  the 
direct  intelligence  can  never  be 


understood.  Figure  4 shows  the 
ratio  ^of  the  3,000-cps  level  to  the 
input  intelligence  on  the  plates  of 
the  6H6  modulator  tube. 

The  modulator  is  followed  by  a 
three-stage  conventional  amplifier 
with  the  second  filter  Zs  inserted.  To 
make  the  measurements  illustrated 
in  Fig.  2 two  channels  are  con- 
nected in  aeries;  the  output  of  the 
transmitter  channel  is  connected  to 
the  input  of  the  receiver  channel. 
In  this  way  the  complete  communi- 
cation circuit  is  simulated.  The 
output  of  the  receiver  channel  has 
been  analyzed  for  harmonic  content 
with  a GR  type  636A  wave  analyzer. 
The  curves  show  the  result  of  the 
analysis  at  300,  850, 1,350,  2,150  and 
2,700  cps  for  —12  vu,  0 vu  and 
-1-8  vu  speech  levels.  The  distor- 
tion curves  represent  the  rms  sum 
of  all  the  frequencies  that  are 
present  in  the  output  besides  the  in- 
put frequency.  Numerous  measure- 
ments have  demonstrated  that  the 
analysis  at  these  frequencies  gives 
a good  overall  picture  of  the  be- 
havior of  the  instrument  so  that  the 
straight-line  connections  between 
the  measured  values  is  justified. 
The  filters  used  in  the  speech  in- 
verter channel  shown  in  the  sche- 
matic have  Q’s  of  about  25. 

The  frequency  response  of  the 
channel,  especially  in  a complete 
communication  circuit  using  one 
transmitter  and  receiver  channel, 
would  not  be  satisfactory  without 
an  equalizer.  Resistors  Ri,  R*,  R„ 
Rt  and  capacitors  Ci  and  C,  form  an 
efficient  equalizer  system.  The  cir- 
cuit is  similar  to  the  Wien  bridge; 
no  infinite  attenuation  is  produced, 
however,  at  any  frequency.  The 
peaking  tendency’  of  the  equalizer 
at  the  ends  of  the  passband  is  com- 
pensated by  capacitors  Ca,  Css, 

Csi,  Caa,  inductances  L,,  Ls,  La  and 
resistor  R**.  Most  of  these  elements 
serve  also  with  R^,  Rss,  C,s  and 
Csi  in  the  cancellation  of  the  r-f 


fields  from  the  inverter  channel. 


Operational  Characteristics 

The  curves  in  Fig.  5A  show  effect 
of  the  equalizer  on  one  speech  in- 
verter channel  and  those  of  Fig.  5B 
on  a complete  communication  cir- 
cuit of  inversion  and  reinversion. 
It  is  important  to  equalize  both 
channels. 

The  frequency  response  can  be 
corrected  by  pre-emphasis  applied 
to  one  end  of  the  transmitter  chan- 
nel and  to  one  end  of  the  receiver 
channel.  The  pre-emphasis  gains 
are  in  this  case  equal  to  the  sum  of 
the  losses  at  both  ends  of  the  pass- 
band.  This  method  produces  an  im- 
proved overall  frequency  response, 
but  for  radio  communication  re- 
duces the  distortionless  modulation 
range  of  the  radio  transmitter. 
This  reduction  of  the  dynamic 
range  of  the  transmitter  will  not 
result  or  at  least  to  only  a low  de- 
gree, if  both  channels  are  equalized 
individually. 

The  author  wishes  to  express  his 
appreciation  to  H.  Zuchenbrojt, 
RCA  Victor  Argentina  and  A.  Saenz 
formerly  of  the  same  company,  for 
the  valuable  cooperation  in  the  de- 
sign work  of  the  speech  inverter 
and  in  making  the  numerous  meas- 
urements needed  during  the  experi- 
mental period. 
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Automatic  Audio  Level  Alarm 


One  of  the  many  things  to  which  a 
broadcast  station  engineer  must 
pay  careful  attention  is  program 
level  and  quality.  Because  rather 
large  variations  in  level  are  not 
easily  detected  by  ear,  particularly 
if  the  engineer  is  occupied  with 
other  allied  work,  an  automatic 
alarm  system  becomes  a practical 
necessity.  Such  a device  is  partic- 
ularly valuable  when  more  than  one 
transmitter  carrying  the  same 
program  material  must  be  moni- 
tored. 

The  audio  alarm  used  at  this  sta- 
tion is  fed  through  a bridging 
transformer  from  the  audio  source 
to  a 6K6  amplifier  stage.  This  tube 
feeds  into  a cascaded  diode  recti- 
fier, a type  6H6,  that  separates  the 


By  N.  HAGMANN 

diode  load  circuit  from  the  control 
circuit.  Load  resistor  Bb  in  the 
cathode  of  the  6H6  is  used  to  adjust 
the  level  of  audio  to  be  rectified. 

The  plate  of  the  same  tube  feeds 
the  cathode  of  the  second  6H6  sec- 
tion and  acts  as  a d-c  separation  cir- 
cuit. The  plate  of  the  second  sec- 
tion charges  a large  capacitor  that 
bleeds  off  through  resistors  Re,  Rr 
and  Re  with  the  controlling  ele- 
ment. The  grid  of  the  2050  is  con- 
nected to  the  junction  of  Re,  R^  and 
Rii.  The  plate  circuit  of  the  2050 
contains  the  a-c  alarm  relay.  A 
type  6E5  tuning-eye  tube  facilitates 
adjustments  for  proper  level  and 
time  delays  Rio  and  Ru,  respectively. 

In  operation,  the  2050  gas  tube  is 
made  conducting  by  the  rectified 


signal  on  its  grid  stored  by  the  20- 
microfarad  capacitor.  This  signal 
results  from  the  charging  effect  of 
the  audio  input.  The  proper  refer- 
ence level  is  set  by  potentiometer 
Rio  that  effectively  biases  the  gas 
tube.  Failure  of  the  audio  signal, 
after  an  appropriate  time  delay  set 
by  Rn,  results  in  the  relay  being 
de-energized  and  closing  the  alarm 
circuit  through  its  back  contacts. 
A disabling  switch  in  the  alarm  cir- 
cuit is  useful  during  symphonic  or 
similar  programs  in  which  wide 
dynamic  range  is  encountered. 

The  unit  can  be  fed  from  either 
audio  program  lines  or  the  output 
of  an  r-f  monitor.  In  the  latter 
case,  failure  of  either  the  program 
or  the  carrier  will  be  detected. 


FIG.  1 — ^Diagram  of  the  audio  failure  alarm.  Potentiometer  Ru  s«tB  the  level  at 
which  the  gas  tube  fires,  controls  time  delay  between  loss  of  audio  ond  sound- 
ing of  alarm,  and  R,  sets  level  of  audio  into  the  device 
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Inductive  Prompting  System 

Communications  system  allows  director  to  cue  actors  in  motion  picture  scenes 
without  interference  to  regular  sound  system.  A modulated  magnetic  field  is  picked 
up  and  demodulated  in  concealed  receivers  and  conveyed  to  actors  through  photo- 
graphically invisible  earphones 

By  B.  H.  DENNEY  AND  R.  J.  CARR 


Twenty  years  have  passed 
since  the  addition  of  sound  to 
movies  eliminated  the  director’s 
megaphone  for  prompting  actors 
during  the  photographing  of  scenes. 
In  general,  producers  have  relied  on 
extra  rehearsal  time  to  take  its 
place.  Various  tricks  have  been 
tried,  such  as  offstage  gestures  and 
light  signals,  but  these  methods 
have  not  been  very  satisfactory. 

There  has  been  a growing  de- 
mand for  a simple  radio-type  re- 
ceiver that  can  be  worn  inconspicu- 
ously on  the  actor’s  person.  For 
maximum  utility,  the  ear  piece  has 
to  be  photographically  invisible,  and 
the  receiver  has  to  be  capable  of 
picking  up  the  director’s  instruc- 
tions from  various  positions  on  the 
movie  set. 

Equipment  is  normally  used 
within  sound  stages  which  are  un- 
usually well  shielded  with  building- 
wire  screen  supporting  exterior 
stucco  walls.  Inside  the  stages  ac- 
oustical control  materials  are  often 
supported  by  more  wire  screen. 
Pipes,  conduits,  and  ducts  form  a 
complex  shielding  pattern. 

Freqgency  Choice 

The  radio  approach  seemed  log- 
ical. However,  at  frequencies  of 
30  megacycles  or  higher  a trans- 
mitter’s radiation  beyond  the  stage 
walls  would  be  negligible,  but  inside 
the  stage  the  standing-wave  pat- 
terns would  make  the  use  of  an 
efficient  automatic  volume  control  or 
limiter  necessary.  The  efficiency  of 
an  antenna  worn  near  the  body 
would  be  low  and  variable.  Several 
tubes  would  be  required,  so  if  an 
estimated  fifty  receivers  were  to  be 
built  there  would  be  a definite 


maintenance  problem. 

With  a lower  frequency  larger 
coils  and  capacitors  would  be  re- 
quired and,  although  the  standing- 
wave  problem  might  be  less,  con- 
siderable amplification  would  be  re- 
quired to  overcome  the  loss  caused 
by  the  limited  antenna  size.  Radia- 
tion beyond  the  stage  walls  would 
probably  be  troublesome. 

Experiments  with  simple  radio 
receivers  at  frequencies  from  1,500 
kilocycles  to  460  megacycles  con- 
firmed the  need  of  amplification  and 
automatic  volume  control.  However, 
even  if  subminiature  tubes,  printed 
circuits,  and  the  smallest  batteries 
available  were  used,  a receiver  could 
not  be  packaged  small  enough  to  be 
concealed  in  many  of  the  costumes 
worn  by  actors  and  actresses.  The 
smallest  hearing-aid  earphone  was 
not  invisible  photographically,  and 
all  receiving  antennas  were  difficult 
to  conceal. 

It  was  decided  to  limit  the  area 
of  good  reception  to  about  40  by 
60  feet.  This  suggested  an  induc- 
tive rather  than  a space-radio  sys- 
tem. The  receivers  could  be  simple, 
tubeless,  batteryless  and  expend- 
able in  case  of  trouble.  Crystal  de- 
tectors could  be  used  if  the  trans- 
mitter were  powerful  enough.  In 
this  manner  the  maintenance  prob- 
lem would  be  limited  to  one  trans- 
mitter and  its  input  equipment. 

The  system  finally  adopted  incor- 
porates a 100-kc  transmitter  con- 
nected to  a single-turn  loop  which 
surrounds  the  set  area  and  induces 
a strong  r-f  field  at  all  points  within 
the  area.  Each  actor  wears  a multi- 
turn  loop  of  wire  in  which  a 
secondary  current  flows.  This  cur- 


rent is  of  sufficient  magnitude  that 
when  demodulated  it  is  capable  of 
delivering  a good  output  from  a 
hearing-aid  type  earphone. 

The  Receiver 

The  receiver,  whose  circuit  is 
shown  in  Fig.  1,  uses  miniature 
components  mounted  on  a small  ter- 
minal card  to  which  the  loop  is  se- 
cured and  connected.  The  loop  is 
covered  with  rubber  tubing  and  the 
equipment  card  is  covered  with  an 
air-drying  rubber  compound. 

The  loop-receiver  is  normally 
worn  around  the  neck  in  a plane 
parallel  to  the  floor,  and  the  small 
crystal  earphone  unit  is  taped  or 
pinned  under  the  clothing.  Coupled 
to  the  earphone  unit,  0.090-inch  di- 
ameter plastic  tubing  is  brought 
out  of  the  collar  over  and  down  the 
front  of  the  ear  and  into  the  ear  as 
shown  in  accompanying  photo- 
graphs. The  tubing  is  terminated 
in  a small  plastic  L which  is  adapted 
to  the  ear  canal  by  means  of 
various-size  rubber  inserts.  The 
small-diameter  tubing  blends  into 
the  convolutions  of  the  ear  and  re- 
quires careful  make-up  only  across 
the  more  exposed  neck  area. 

Strapless  evening  gowns  offered 
a problem  until  smaller  6-inch  di- 
ameter loop  receivers  were  built  and 
concealed  in  the  actress’  hair.  The 
output  from  the  smaller-loop  re- 
ceiver is  several  decibels  below  the 
larger  10-inch  diameter  units  but 
has  been  satisfactory. 

The  Transmitter 

The  r-f  section  of  the  100-kilo- 
cycle transmitter,  shown  in  Fig.  2, 
is  push-pull  from  the  crystal  oscil- 
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lator  to  the  class-C  output  stage. 
The  plate  circuit  of  the  output  stage 
is  tuned  by  a variable  inductance 
and  a group  of  fixed  capacitors.  A 
variable  capacitor  for  this  fre- 
.quency  and  for  the  voltage  used 
would  be  of  an  awkward  size,  there- 
fore the  capacitor  values  are  se- 


showing  placement  oi  receiver  parts 

lected  by  a coarse-tuning  tap 
switch.  Fine  tuning  is  accom- 
plished by  a variometer-type  rotor 
in  the  electrical  center  of  the  in- 
ductance. The  impedance  of  the 
single  turn  of  wire  surrounding 
each  different  set  area  changes  the 
effective  inductance  of  the  output 
coil,  making  it  necessary  to  retune 
for  different  loops.  This  is  the 
transmitter’s  only  critical  adjust- 
ment. 

Audio  Equipment 

The  audio  amplifier,  Fig.  3,  has 
both  a microphone  input  and  a low- 
gain  playback  bridging  input.  Each 
has  its  separate  gain  control.  A 


tapped  control  in  five  10-decibel 
steps  on  the  playback  input-trans- 
former secondary  adjusts  for  dif- 
ferent level  playback  sources  and 
prevents  overloading  of  the  play- 
back input  stage.  A relay  operated 
from  the  push-to-talk  button  on  the 
microphone  automatically  reduces 
the  playback  volume  10  decibels,  if 
desired,  when  the  microphone  is 
used. 

Equalization  in  the  plate  circuit 
of  the  microphone  stage  improves 
the  intelligibility  from  the  micro- 
phone. The  microphone  is  usually 
held  very  close  to  the  director’s  lips 
as  he  speaks  in  low  volume,  or  a 
whisper.  Equalization  in  the  plate 
circuit  of  the  playback  stage  has 
been  selected  for  loudness  instead 
of  quality.  Attenuating  music’s 
low-frequency  components  by  10 
decibels  permits  a much  louder  sig- 
nal to  be  transmitted  without  over- 
load. 

A switch  changes  the  microphone 
amplifier  stage  into  a 400-cycle  R-C 
oscillator  used  for  checking  the 
equipment  and  field  strength.  The 
field  is  uniform  enough  that  re- 
ceiver volume  controls  are  unneces- 
sary; the  audio  level  is  adjusted 
in  the  speech  amplifier  with  the 
class-B  modulator  plate-current 
meter  serving  as  a volume  indi- 
cator. 

Storage  facilities  for  the  loop- 
receivers,  earphones  and  attach- 
ments and  cables  and  spare  parts 
have  been  built  into  the  transmitter 


dolly  which  is  shown  in  an  accom- 
panying photograph. 

Transmitting  Loops 

The  single-turn  transmitting 
loops  are  placed  around  the  set  to  be 
energized  at  any  convenient  level 
from  below  the  floor  to  12  feet 
above  the  floor.  Due  to  photo- 
graphic angles  and  set  construction 
some  loops  have  been  used  under 
the  floor  level  for  part  of  the  loop 
and  above  the  floor  for  the  re- 
mainder of  the  loop.  Number  10  or 
8 wire  is  used  to  reduce  the  re- 
sistance and  increase  the  loop  cur- 
rent, the  value  of  which  will  usu- 
ally be  between  2 and  9 amperes. 

Circular,  square  and  rectangular 
loop  patterns  have  been  used.  The 
success  of  the  transmitter  in  cover- 
ing areas  up  to  40  by  60  feet  with 
ample  volume  naturally  brought  de- 
mands for  an  increased  area  of  cov- 
erage. In  one  long  dolly  or  moving 
camera  scene  in  an  L-shaped  area 
it  was  difficult  to  get  a strong  signal 
if  the  loop  was  run  across  the  diag- 
onal corners  of  the  L.  The  loop  was 
installed  on  the  margins  of  the  L 
in  the  form  of  block  L whose  thick- 
ness was  20  feet  and  whose  width 
and  length  were  about  70  and  120 
feet. 

In  a recent  picture,  one  scene  re- 
quired a dolly  shot  250  feet  long. 
The  camera  preceded  the  actor  for 
nearly  250  feet  as  he  sang  a song 
accompanied  by  a piano  playing 
outside  the  stage.  The  pianist, 


FIG.  2 — Circuit  diagram  oi  the  r-i  portion  of  the  100>kc  induction-type  transmitter 
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FIG.  3 — Speech  amplifier  and  modulator  circuit  diagrom.  Equalixotion  is  adjusted  for  loudness  rather  them  for  quality 


wearing  phones  bridged  across  the 
sound  recording  system  heard  the 
singer;  the  singer  heard  the  piano 
music  through  his  concealed  re- 
ceiver, but  the  sound  recording 
microphone  heard  only  the  singer’s 
voice.  The  orchestra  was  added 
later.  For  this  scene  two  rectangu- 
lar loops,  each  20  feet  wide  by  125 
feet  long,  were  used.  They  were 
placed  end  to  end,  with  a few  feet 
of  overlap,  properly  phased,  and 
connected  in  parallel.  The  wire  was 
buried  an  inch  below  a dirt  surface. 
An  excellent  signal  resulted. 

During  the  experimental  stages 
of  the  magnetic-field  transmitter 
design,  tests  were  made  whereby 


the  audio  signal  was  applied  di- 
rectly to  a transmitting  loop  while 
the  receivers  were  used  without, the 
demodulating  crystal  diodes.  Such 
a system  worked  and  certainly  was 
less  complex  and  less  expensive 
than  the  100-kilocycle  carrier  sys- 
tem. However,  no  method  was 
found  to  prevent  interference  with 
the  sound  recording  system  where 
the  unwanted  signal  was  picked  up 
not  only  in  the  sound-recording 
microphone  circuit,  but  also  in  all 
low-level  audio  equipment  in  the 
vicinity  of  the  loop. 

With  the  100-kilocycle  system  lit- 
tle interference  is  encountered,  al- 
though the  sound-recording  micro- 


phone and  its  preamplifier  are 
within  the  field,  because  the  record- 
ing system’s  response  rapidly  de- 
creases at  frequencies  above  15 
kilocycles,  and  the  100-kilocycle  sig- 
nal will  only  be  demodulated  in  the 
recording  system  if  an  audio  stage 
is  nonlinear,  or  overloaded.  If  a 
more  than  ordinary  amount  of  low- 
level  equipment  is  used  within  the 
field,  or  there  is  cable  shield  trouble, 
some  interference  may  be  heard  but 
it  is  readily  removed  by  small 
plug-in  filters. 

The  writers  wish  to  acknowledge 
the  assistance  and  valuable  sugges- 
tions of  Loren  L.  Ryder,  Director  of 
Recording  of  Paramount  Pictures, 
Inc. 


Broadcast  Tape  Speed  Control 


Magnetic-tape  programs  can  be  played  back  within  less  than  a second  of  original  half- 
hour  recording  time  despite  2-percent  stretch  or  shrink.  Printed  bars  on  back  of  tape  are 
scanned  photoelectrically  to  produce  a comparison  signal  that  is  held  at  exactly  60  cps 


By  D.  R.  ANDREWS 


The  many  conveniences  of  mag- 
netic tape  as  a medium  for 
recording  radio  programs  are  at- 
tractive to  producers  and  artists,  as 


well  as  broadcast  technicians.  A 
complete  show  can  now  be  recorded 
in  a manner  similar  to  the  produc- 
tion of  a Hollywood  movie,  with 


each  selection  recorded  over  and 
over  until  the  director  is  entirely 
satisfied.  The  producer  can  then 
edit  the  recordings  to  produce  pre- 
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cisely  the  type  of  show  he  desires. 
Fluffs  may  be  easily  removed  and 
replaced.  This  practice  provides  a 
freedom  of  expression  for  the 
artist  that  is  extremely  convenient. 
During  the  editing  process  the 
show  can  be  carefully  timed  so  that 
it  will  be  completed  without  sacri- 
ficing valuable  commercial  time. 

To  insure  desirable  continuity, 
the  program  must  be  timed  within 
one  second  in  a half  hour.  The  di- 
mensional stability  of  plastic-base 
tape  is  not  sufficient  to  guarantee 
that  the  recorded  time  will  be  main- 
tained to  such  close  tolerances  dur- 
ing reproduction  of  the  program. 

Conditions  of  temperature  and 
humidity  as  well  as  tension  affect 
the  physical  dimensions  of  plastic 
materials..  These  dimensional 
changes  may  increase  with  time. 

Therefore,  programs  that  are 
shipped  to  other  locations  hav- 
ing different  climatic  conditions  or 
those  stored  for  long  periods  of 
time  may  suffer  severely  in  this 
respect.  In  such  cases,  the  time 
required  for  reproducing  the  pro- 
gram may  vary  considerably  from 
the  recording  time. 

Timing  Controls 

Several  different  methods  of  con- 
trolling the  playing  time  of  tape 
recordings  have  been  suggested  or 
tried.  One  utilizes  transverse  mag- 
netization to  record  a reference  sig- 
nal on  the  tape  during  the  record- 
ing of  the  program.^  This  effect  is 
accomplished  by  rotating  the  signal 
recording  head  90  degrees  so  that 
the  gap  is  placed  parallel  to  the  di- 
rection of  tape  travel.  The  signal 
recorded  in  this  manner  is  repro- 
duced during  playback  by  a simi- 
larly oriented  head  and  is  used  for 
synchronizing  purposes. 

A second  system®  makes  use  of  a 
14-kc  carrier  that  is  modulated 
with  a timing  signal.  During  re- 
production, the  carrier  is  filtered 
from  the  program  signal  and  after 
demodulation  is  used  for  synchro- 
nization. 

The  system  we  have  developed 
utilizes  optical  markings  to  furnish 
the  timing  signal.  Since  the  signal 


markings  are  not  magnetic,  no  un- 
wanted signal  is  generated  in  the 
reproducing  head  by  the  additional 
information  stored  on  the  recording 
medium. 

The  signal  is  produced  by  equally 
spaced  bars,  printed  on  the  reverse 
side  of  the  tape,  as  they  are  scanned 
with  an  optical  transducer.  This 
transducer  comprises  an  extremely 
simple  optical  system.  A grid, 
placed  directly  over  the  printed  side 
of  the  tape,  consists  of  a mask  with 
one  or  more  holes  to  correspond 
with  the  markings  on  the  tape.  A 
light  source  is  directed  towards  the 
grid  and  as  the  tape  changes  in 
color  beneath  the  hole  in  the  grid, 
more  or  less  light  is  reflected  back 
into  a photocell. 

Figure  1 shows  a cut-away  view 
of  a scanner  to  illustrate  the  opera- 
tion of  such  an  optical  system.  Part 
of  the  light  from  source  B goes 
through  the  aperture  or  grid  C onto 
the  tape  A.  The  intensity  of  the 
light  reflected  back  to  the  photocell 
D is  partially  governed  by  the  color 
and  gloss  of  the  tape  surface.  The 
printed  markings  therefore  produce 
a signal  in  the  photocell  whose  fre- 
quency is  directly  proportional  to 
the  speed  of  the  tape  past  the 
aperture. 

The  signal  generated  by  the  mo- 
tion of  the  tape  must  be  compared 
with  some  standard  or  reference 
frequency,  which  may  be  obtained 
from  a regular  power  supply  or 
from  a stable  clock-circuit  power 
supply.  Some  large  broadcasting 
studios  have  the  latter  to  insure  the 
accuracy  of  clocks  used  for  program 
timing.  Since  available  clock 
motors  are  designed  to  operate  on 
60  cps  and  the  NAB  standard  tape 
speed  is  fifteen  inches  per  second, 
the  markings  on  the  tape  are  placed 
at  four  bars  per  inch.  If  it  is  de- 
sirable to  operate  the  tape  at  the 
secondary  standard  of  7.5  inches 
per  second,  the  marking  of  four 
bars  per  inch  may  still  be  used  to 
produce  a 60-cps  signal  by  means 
of  a frequency-doubling  circuit. 

Comparing  Speeds 

Several  methods  of  comparison 
between  reference  and  photocell 


FIG.  1 — ^Light  from  lamp  B reaches  photo- 
cell D by  reflection  from  tcipe  A 

frequencies  could  have  been  used. 
One  utilizes  a simple  beat  note  for 
driving  the  capstan  motor.  The  sig- 
nal from  the  photocell  is  mixed  with 
a signal  of  twice  the  reference  fre- 
quency and  the  beat  note  produced 
will  then  vary  in  frequency  in- 
versely with  the  frequency  of  the 
photocell  signal.  This  system  de- 
creases the  error  but  can  never  in- 
troduce suflScient  compensation  for 
complete  correction. 

A second  method  uses  a two- 
phase  motor  as  an  integrator.  The 
signal  from  the  reference  frequency 
is  used  to  furnish  power  for  one 
winding  of  a two-phase  capstan 
motor.  The  signal  furnished  by 
the  motion  of  the  tape  is  amplified 
to  excite  the  second  winding  of  the 
motor.  If  the  phase  of  the  current 
through  the  first  winding  leads  that 
of  the  current  in  the  second  wind- 
ing, the  torque  of  the  motor  is  in- 
creased, and  conversely,  if  the 
phase  of  the  current  through  the 
second  winding  leads  that  of  the 
current  in  the  first  winding,  the 
torque  of  the  motor  is  decreased. 
Such  a system,  however,  is  an  in- 
stantaneous or  phase-integrating 
device  and  does  not  furnish  the 
time-integrating  system  desirable 
for  broadcast  timing. 

Small,  fast  deviations  may  pro- 
duce extremely  high  percentages  of 
wow.  This  fact  makes  it  impera- 
tive that  any  correction  in  speed  be 
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accomplished  at  a very  slow  rate. 

A third  method  providing  a slow 
time-integrating  device  may  be  de- 
signed using  two  synchronous  clock 
motors.  One  operates  from  the 
clock  power  supply,  using  no  more 
than  4 watts  from  this  source.  A 
second  clock  motor  operates  from 
the  signal  generated  by  the  photo- 
cell, with  rotation  counter  to  that 
of  the  first  motor.  The  shafts  of 
the  two  clock  motors  are  joined  by 
a flexible  coupling.  As  long  as  the 
two  frequencies  governing  the 
speed  of  the  two  motors  are  identi- 
cal nothing  happens,  but  any  differ- 
ence in  the  two  frequencies  causes 
the  frame  of  one  of  the  motors  to 
rotate  with  respect  to  the  frame  of 
the  second  one.  This  might  be  de- 
scribed as  a simple  mechanical  dif- 
ferential, which  needs  no  special 
gears  or  precision  parts. 

Capstan  Speed  Correction 

The  rotation  of  the  clock  frame 
may  be  utilized  in  a number  of  dif- 
ferent ways  to  obtain  correction  of 
the  capstan  speed.  One  scheme  is 
mechanically  to  shift  a belt  side- 
ways on  a tapered  pulley.  Such  a 
method  provides  surprisingly  ac- 
curate correction  for  timing  pur- 
poses. 

A second  mechanical  method  may 
be  arranged  by  driving  a disk  with 
a friction  roller.  Speed  corrections 
may  be  introduced  by  shifting  the 
roller  radially  with  respect  to  the 
disk.  The  timing  with  such  a sys- 
tem may  be  controlled  very  satis- 
factorily. Such  a method  is  again 
handicapped  with  inherent  mechan- 
ical difficulties  that  introduce  wow 
in  the  program  material.  The  pre- 
cision necessary  in  the  construction 
of  such  a device  to  overcome  these 
difficulties  would  probably  make  the 
cost  prohibitive. 

Any  type  of  mechanical  system  is 
handicapped  because  the  mechanical 
power  developed  by  standard  clock 
motors  is  extremely  limited. 

Overdrive  System 

The  dual  clock-motor  integrating 
system  may  be  used  satisfactorily 
by  providing  an  electronic  correct- 
ing system.  One  means  of  doing 


this  is  to  have  the  speed  of  the 
capstan  slightly  more  than  required 
to  drive  the  tape  at  the  desired 
speed.  The  capstan  may  then  be 
slowed  down  to  the  proper  speed  by 
an  electronic  brake.  The  power  de- 
livered to  the  electronic  brake  may 
be  controlled  by  the  rotation  pro- 
duced by  the  dual  clock-motor  dif- 
ferential. 

There  is  one  serious  difficulty  en- 
countered in  using  any  type  of  over- 
driven system.  If,  for  any  reason, 
it  is  desirable  to  record  or  repro- 
duce tape  without  synchronization, 
the  machine  will  be  operated  at 
some  speed  that  is  higher  than 
normal,  making  the  system  incom- 
patible with  standard  unmarked 
tape.  This  incompatibility  can  be 
eliminated  by  driving  the  cap- 
stan with  a synchronous  motor  as 
shown  in  Fig.  2.  The  motor  is 
driven  with  a power  source  of  vari- 
able frequency  when  utilizing  the 
synchronizing  system,  or  with  fixed- 
frequency  power  at  other  times. 

The  motion  of  the  dual  clock- 
motor  differential  is  used  to  vary 
the  frequency  of  a local  oscillator 
having  a mean  frequency  of  ap- 
proximately 60  cps.  The  signal 
from  the  oscillator  is  amplified  with 
an  inexpensive  narrow-band  power 
amplifier  to  drive  the  capstan  motor. 
A relay  is  also  incorporated  so  that 
the  input  signal  to  the  power  ampli- 


fier is  derived  from  the  local  oscil- 
lator when  the  optically  marked 
tape  is  used.  If  standard  unmarked 
tape  is  used,  the  signal  that  drives 
the  capstan  motor  is  automatically 
derived  from  the  clock  circuit  or 
other  exact  reference  frequency. 

The  circuit  diagram  of  the  photo- 
cell amplifier  is  shown  in  Fig.  3. 
The  exciter  lamp  in  the  scanning 
unit  must  be  heated  with  either  di- 
rect current  or  alternating  current 
having  a frequency  that  will  not 
interfere  with  the  operation  of  the 
clock  motor  driven  by  the  signal 
from  the  photocell. 

Exciter  Voltage 

Direct  current  for  the  exciter 
lamp  might  be  obtained  simply  by 
inserting  it  in  series  with  the  ampli- 
fier power  supply.  However,  if  such 
a method  is  used,  it  is  extremely 
difficult  to  filter  the  power  supply 
sufficiently  to  eliminate  low-fre- 
quency feedback  effects  or  motor- 
boating. This  difficulty  was  avoided 
by  using  a high-voltage,  low-cur- 
rent lamp  and  connecting  it  in  the 
bleeder  circuit  of  the  d-c  power 
supply. 

This  particular  lamp  was  de- 
signed to  be  operated  with  66  v 
and  0.047  amp.  Many  such  lamps 
are  now  available  requiring  cur- 
rents as  low  as  0.032  amp. 

The  photocell  selected  is  a lead 


FIG.  2 — ^Block  diagram  of  the  final  lystenr  in  which  closed-circuit  serro  operotee 
copston  motor  so  that  signal  from  tope  is  exactly  60  cps 


AUDIO 


147 


sulphide  type  of  small  physical  di- 
mensions. . The  glass  bulb  of  the 
particular  one  chosen  measures  only 
f inch  long  and  i inch  in  diameter. 
Cadmium  sulphide  cells  are  avail- 
able in  even  smaller  sizes  (approxi- 


operated  at  half  speed  or  7.5  inches 
per  sec,  the  signal  is  diverted 
through  a frequency-doubling  cir- 
cuit (Fig.  3B).  This  circuit  con- 
sists of  an  amplifier,  to  regain  the 
losses  caused  by  the  other  stages; 


ance-capacitance  filters  as  well  as 
by  a capacitor  tuning  the  induct- 
ance of  the  clock  motor  itself. 
Changes  in  the  waveform  of  the 
signal  are  indicated  on  different 
sections  of  the  diagram.  Signals 


riG.  3 — Complete  circuit  diagram  showing  approximate  waveforms  and  their  relative  amplitudes.  Circuits  in  the  dashed  boxes  ore 

individually  described  in  the  text 


mately  i-inch  cube).  The  lead  sul- 
phide type  was  chosen  also  because 
of  its  sensitivity  at  the  red  end  of 
the  visible  spectrum. 

Since  all  the  better  quality  plas- 
tic-base tapes  are  coated  with  ferric 
oxide,  their  color  is  a reddish 
brown.  The  markings  can  be 
printed  on  this  color  with  black  ink 
and  produce  good  contrast  when 
scanned  with  a red-sensitive  photo- 
cell. If  black  tape  is  used  with 
white  markings,  the  contrast  is 
also  sufficient  with  the  same  photo- 
cell. 

The  lead  sulphide  photocell  has 
an  internal  resistance  that  varies 
inversely  with  the  light  applied  to 
its  sensitive  area.  The  circuit  re- 
quires a voltage  supplied  through  a 
load  resistance  or  inductance  in  the 
same  manner  as  the  anode  of  a 
vacuum  tube. 

The  output  from  the  photocell  is 
fed  to  a conventional  preamplifier 
(Fig.  3A).  If  the  tape  is  being 


an  isolation  stage,  to  provide  bal- 
anced input  for  the  bridge;  and  a 
full-wave  bridge-type  rectifier,  to 
provide  the  frequency  doubling. 
The  gain  of  the  amplifier  is  so  ad- 
justed that  the  output  signal  has 
approximately  the  same  level  as 
that  of  the  input  but  at  twice  the 
frequency. 

The  output  from  the  frequency- 
doubling circuit  or  preamplifier,  as 
the  case  may  be,  is  passed  through 
a limiter  or  clipper  circuit  (Fig. 
3C).  This  circuit  provides  an  out- 
put of  constant  amplitude  even 
though  the  input  signal  may  vary 
as  much  as  five  to  one. 

The  output  from  the  clipping  cir- 
cuit is  then  amplified  sufficiently  to 
operate  one  of  the  clock  motors 
(Fig.  3D).  Since  the  signal  is 
changed  to  approximately  a square 
wave  in  the  clipping  circuit,  it  is 
necessary  to  reshape  the  signal  in 
the  amplifier  circuits.  A nearly  sin- 
usoidal signal  is  provided  by  resist- 


from  the  photocell  and  preamplifier 
are  shown  for  a tape  speed  of  15  in. 
per  second. 

Control  Relay 

The  relay  that  stops  the  clock 
motors  and  switches  the  signal  for 
the  capstan  motor  is  electronically 
controlled  (Fig.  3E).  The  coil  is 
in  series  with  the  cathode  circuit  of 
a thyratron  tube  and  the  relay  is 
normally  energized.  When  the  grid 
of  the  thyratron  is  biased  nega- 
tively, the  tube  is  cut  off  and  the 
relay  is  denergized. 

Bias  for  the  thyratron  is  fur- 
nished by  rectifying  some  of  the 
signal  generated  by  the  photocell. 
The  signal  is  furnished  to  the  diode 
rectifier  through  a high-pass  filter 
network  from  the  output  of  the 
power  amplifier  stage.  This  filter 
network  may  be  adjusted  so  the 
relay  will  become  de-energized  as 
the  frequency  of  the  photocell  sig- 
nal approaches  60  cps. 


148 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


The  variable-frequency  oscillator 
(Fig.  3F),  furnishing  the  signal 
for  the  capstan  motor,  uses  an  R-C 
circuit  of  the  phase-shift  type. 
Three  R-C  phase-shifting  elements 
are  used,  with  each  unit  shifting 
the  phase  approximately  60  de- 
grees. One  of  the  resistance  ele- 
ments is  varied  with  the  motion 
developed  by  the  dual  clock-motor 
differential,  and  so  drifts  the  fre- 
quency of  the  oscillator. 

It  may  be  noted  that  the  imped- 
ances of  the  R-C  circuits  are  kept 
as  low  as  possible.  This  precaution 
was  used  to  decrease  the  possibility 
of  hum  pickup  in  the  grid  circuit. 
Any  oscillator  has  a tendency  to 
lock-in  on  any  signal  appearing  on 
the  grid  of  the  tube.  If  lock-in  oc- 
curs, the  usefulness  of  the  entire 
system  will  be  jeopardized. 


No  circuit  is  shown  for  the  power 
amplifier  needed  to  drive  the  cap- 
stan motor.  A conventional  audio 
power  amplifier  may  be  used  or  a 
much  simpler  narrow-band  ampli- 
fier could  be  constructed. 

Performance 

Repeated  timing  tests  have  been 
made  with  this  synchronizing  sys- 
tem. A synchronized  tape  was  re- 
corded with  timing  markers  exactly 
15  minutes  apart.  Reproduction 
of  this  tape  was  again  timed.  The 
timer  was  operated  from  the  same 
source  of  power  as  that  furnishing 
the  reference  frequency  in  both 
cases.  The  greatest  differential  be- 
tween recording  and  reproducing 
time  in  several  tests  was  0.3  second. 
This  error  might  be  reduced  still 
further  at  the  expense  of  speed  var- 


iation or  wow.  A recovery  rate  was 
selected  so  that  any  speed  changes 
would  occur  as  slow  drift  and  not 
be  detected  as  wow. 

The  curve  in  Fig.  4 depicts  the 
recovery  rate  of  tape  speed  after  an 
intentional  error  that  had  been  in- 
troduced into  the  correcting  device 
by  manually  rotating  the  clock- 
motor  differential. 
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Measurement  Method  for  Picture  Tubes 

The  relationship  between  screen  brightness  and  input  voltage  is  approximated  by  a power 
law,  with  the  exponent  2.2  for  the  10BP4  and  2,5  for  the  10FP4.  The  exponents  indicate 
the  transfer  characteristic  when  the  maximum  brightness  is  also  given 


IN  CONsroERiNG  the  picture  tube 
as  a circuit  element  in  a tele- 
vision circuit,  it  is  necessary  to 
know  how  video  signals  are  trans- 
mitted through  the  tube. 

The  only  characteristic  to  be  con- 
sidered here  is  the  one  relating  out- 
put amplitude  (brightness)  to  input 
amplitude  (voltage) , sometimes 
called  the  transfer  characteristic. 
Picture  tubes  have  other  important 
characteristics,  chiefly  frequency 
effects  associated  with  spot  size  and 
contrast  effects  due  to  internal  re- 
flections of  light,  but  these  may 
safely  be  ignored  in  the  method  of 
measurement  that  follows. 

Sample  characteristics  measured 
by  this  method  are  shown  in  Fig.  1. 
The  things  to  note  are  the  large 
range  of  brightness  values,  nearly 
1,000  to  1 for  the  newer  tube,  and 
the  good  fit  of  the  points  to  a 
smooth  curve.  This  smoothness  is 
inherent  in  the  nature  of  the  quan- 
tity actually  measured,  namely  the 
logarithmic  derivative  of  the 
brightness-voltage  curve. 

This  quantity  is  immune  to  the 
small  fluctuations,  introduced  by 
line  voltage  variations,  that  often 
interfere  with  direct  measurement 
of  brightness  and  voltage.  Also, 
the  process  of  integrating  the 
logarithmic  derivative  into  the 
brightness-voltage  function  is  in 
itself  a smoothing  operation. 

Circuit 

The  method  of  measuring  the 
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FIG.  1 — Scmiple  chorcKteristics  of  the 
10BP4  and  10FP4 


logarithmic  derivative  is  shown  in 
Fig.  2.  The  cathode  of  the  picture 
tube  is  connected  to  an  auxiliary 
circuit  carrying  an  on-off  d-c  signal 
controlled  by  a mechanically  oper- 
ated switch.  The  amount  .of  signal 
required  on  the  cathode  ranges 
from  about  0.2  volt  to  about  2 volts. 

The  control  grid  of  the  picture 
tube  is  fed,  through  a suitable  coup- 
ling capacitor,  an  all-white  com- 
posite picture  signal  of  standard 
form  and  appropriate  amplitude. 
The  usual  deflection  signals  are  ap- 
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FIG.  2 — Circuit  for  measuring  the 
logarithmic  deriTOtiTe 


plied  to  produce  a normal  television 
raster  on  the  screen.  The  bright- 
ness of  this  raster  is  controlled  by 
adjustment  of  the  bias  on  the  con- 
trol grid. 

Incremental  changes  in  screen 
brightness  are  made  by  the  cathode 
signal,  poled  up  so  that  the  screen 
is  brighter  when  the  signal  is  off. 
The  cathode  signal  is  turned  off,  and 
the  screen  consequently  brightened, 
by  a switch  at  the  Macbeth  Illumi- 
nometer  shown  on  the  right  in  Fig. 
2.  This  action  coincides  with  the 
mechanical  insertion  of  a light  neu- 
tral filter  into  the  optical  path  be- 
tween the  picture  screen  and  the 
Illuminometer.  Opposing  factors 
thus  operate  on  the  brightness  seen 
through  the  Illuminometer  eyepiece 
— ^the  cathode  signal  acting  to  in- 
crease it,  the  neutral  filter  acting 
simultaneously  to  decrease  it.  There 
' is  thus  a particular  value  of  cathode 
signal  that  yields  a null  result  when 
the  neutral  filter  is  moved  either 
into  or  out  of  the  optical  path.  Find- 
ing that  value  of  by  successive 
trials  constitutes  the  measurement. 

There  are  two  reasons  for  this 
particular  arrangement:  it  saves 
recording  time  by  having  the  value 
of  LE  appear  on  the  voltmeter 
when  the  neutral  filter  is  in  its  rest 
position  out  of  the  optical  path,  and 
it  avoids  the  possibility  of  error  in 
b.E  due  to  cathode  current  in  the 
picture  tube. 

When  this  null  condition  exists. 
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the  various  quantities  appearing  in 
Fig.  2 are  related  as  shown  in  Fig. 
3.  The  screen  brightness  takes  on 


FIG.  3 — Relation  of  quantities  shown  in 
Fig.  2 when  proper  cathode  signal  is 
found 


Sensitivity  Curves 

Measured  sensitivity  curves  are 
shown  in  Fig.  4.  The  significant 
aspect  is  that  they  are  nearly 
straight  lines  on  this  log-log  plot. 
It  follows  that  the  derived  relation- 
ship between  brightness  and  voltage 
(Fig.  1)  may  be  approximated  by 
a power  law,  with  the  exponent  2,2 


> o 


525  LINES  60  FIELDS 


AFT^R  STANDARD 

blanking' 


100  300  ipOO| 

BRIGHTNESS  B IN  FOOT- LAMBERTS 


FIG.  4 — ^Measured  sensitivity  curves  are 
nearly  straight  lines 


two  values,  B -f  (Aj?)/2  when  the 
neutral  filter  is  in,  B — (AB)/2 
when  it  is  out,  and  these  two  values 
stand  in  the  constant  ratio  N fixed 
by  the  filter. 

What  is  seen  through  the  Mac- 
beth eye  piece  is  always  the  lower 
value.  Since  neither  AB  nor  AB 
is  infinitesimal,  the  exact  value  of 
brightness  at  which  their  ratio 
represents  the  derivative  is  un- 
known. However,  the  overall  ac- 
curacy of  the  measurement  is  not 
compromised  if  the  arithmetic  aver- 
age B is  taken  in  place  of  the  exact 
value.  The  ratio  (AB)/(BAB>  is 
then  taken  to  be  the  logarithmic 
derivative,  and  is  here  called  the 
sensitivity.  A higher  value  of  sen- 
sitivity requires  a smaller  value  of 
signal  voltage  to  produce  a given 
visibility  of  brightness  change  on 
the  screen. 


for  the  10BP4  or  2.5  for  the  10FP4. 
These  exponents  specify  the  charac- 
teristic of  a picture  tube  concisely 
and  adequately  if  the  maximum 
usable  brightness  is  also  stated. 

The  slope  of  a log-log  plot  of 
sensitivity  against  brightness  is  re- 
lated in  simple  fashion  to  the  ex- 
ponent of  the  corresponding  power 
law.  If  the  power  law  is  B = 
and  if  we  take  the  logarithmic  de- 
rivative as  a good  approximation  to 
the  measured  sensitivity: 


S = 


AB 

BLE 


dB 

BdE 


nB-y’' 


then:  log  S = log  n — 1/n  log  B 
and  the  slope  of  the  log-log  plot  is 
— 1/n.  The  higher  the  exponent, 
the  smaller  the  value  of  the  slope. 
When  the  exponent  is  infinite  the 
slope  is  zero,  and  in  this  limiting 
case  the  power  law  becomes  an  ex- 


ponential law: 
5 = a* 


AB 

q _ 

BAE 


dB 

BdE 
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and  log  S is  independent  of  log  B. 

The  measured  sensitivity  curves 
are  integrated  by  straightforward 
step-by-step  summation  of  small 
voltage  differences,  working  down- 
ward from  the  maximum  bright- 
ness we  decide  to  call  usable.  Tak- 
ing the  10FP4  curve  in  Fig.  1 as 
an  example,  we  start  at  60  foot- 
lamberts  and  make  the  first  step 
down  to  40  footlamberts. 

For  an  average  of  the  sensitivity 
over  this  step,  take  its  value  at  50 
footlamberts,  the  mid-point.  That 
is,  take  (AB)/(BAB)  to  be  0.134 
per  volt.  The  brightness  step  AB 
is  minus  20  footlamberts,  the  aver- 
age brightness  B is  50  footlamberts, 
and  the  voltage  step  AB  turns  out 
to  be  —3.0  volts.  So  we  plot  the 
40  footlambert  point  3.0  volts  away 
from  the  60  footlambert  point,  in 
the  negative  direction. 

The  second  step  is  down  to  30 
footlamberts.  At  the  mid-point,  35 
footlamberts,  (AB)/(BAB)  is  0.156 
per  volt.  For  this  10  footlambert 
step,  the  second  voltage  step  AB  is 
— 1.8  volts.  The  30  footlambert 
point  is  plotted  4.8  volts  away  from 
the  60  footlambert  point,  in  the 
negative  direction;  and  so  on  down 
the  curve. 


The  neutral  filter  is  made  of  two 
clear  microscope  cover  glasses,  com- 
prising four  air-glass  refiecting 
surfaces.  Its  measured  visual  dens- 
ity is  0.07  (transmission  85  percent, 
factor  N = 1.17). 
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General-Purpose  Precision  Oscilloscope 


Extreme  versatility,  especially  for  detailed  study  of  television  waveforms,  is  achieved 
through  use  of  high-voltage  cathode-ray  tube,  wide-hand  vertical  deflection  amplifier, 
sweep  circuit  providing  a wide  range  of  driven  sweep  speeds,  and  a calibrated  delay  circuit 


By  R.  P.  ABBENHOUSE 


PRECISE  MEASUREMENTS  of  a 
wide  range  of  time  intervals 
associated  with  complex  electrical 
or  electronic  phenomena  are  pos- 
sible with  the  instrument  described 
in  this  article.  Because  of  the  com- 
bination of  functions  available,  it 
should  find  wide  application  in  the 
industrial  or  academic  laboratory 
for  general  - purpose  development 
and  research. 

Suitable  combinations  of  fairly 
well-known  circuits  provide,  basi- 
cally, a cathode-ray  tube  operating 
at  a high  accelerating  potential,  a 
wide-band  vertical-deflection  ampli- 
fier, a horizontal-sweep  generator 
having  a wide  range  of  sweep 
speeds,  a precision  delay  function, 
and  suitable  auxiliary  functions  for 
flexibility  of  operation.  In  addi- 


tion, special  provision  is  made  for 
television  applications  where  it  is 
often  of  interest  or  a necessity  to 
determine  the  precise  voltage-time 
characteristics  of  the  standard  tele- 
vision waveform  as  it  is  reproduced 
by  television  facilities.  In  fact, 
the  television  application  was  the 
prime  mover  in  the  development  of 
this  instrument,  while  general-pur- 
pose applications  were  a natural 
outgrowth  of  the  functions  that  be- 
came available. 

The  primary  objective  in  the  de- 
velopment of  the  instrument  was 
to  devise  some  means  for  observing 
television  waveforms  in  greater 
detail  than  is  possible  with  ordi- 
nary types.  It  was  also  considered 
important  to  provide  as  many  of 
the  functions  as  practicable  for 


tests  of  television  facilities  accord- 
ing to  the  standards  of  television 
broadcasting.  The  detailed  obser- 
vation of  television  waveforms  or 
small  portions  thereof  requires  a 
suitable  wide-band  deflection  ampli- 
fier. Since  operation  of  fast  sweeps 
at  low  repetition  frequencies  was 
anticipated,  the  use  of  a high-volt- 
age cathode-ray  tube  became  a 
practical  necessity  to  obtain  a trace 
of  sufficient  brightness  under  such 
conditions  for  either  visual  obser- 
vation or  photographic  recording. 
Then  by  adding  another  control 
knob  or  two  the  available  functions 
could  be  utilized  for  more  general 
applications  in  other  fields. 

The  final  result  of  the  develop- 
ment program  is  the  instrument 
shown  in  the  photograph.  The  indi- 


FIG.  1 — Block  diagram  oi  general-purpose  precision  oscilloscope.  Section  cdmve  dashed  line  comprises  indicator  unit,  while  thot 

below  shows  synchronizing  drcuits 
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cator  unit  and  necessary  controls 
are  mounted  at  eye  level  for  con- 
venience of  operation  and  viewing. 

General  Description 

A complete  description  of  every 
detail  of  the  performance  specifica- 
tions is  beyond  the  scope  of  this 
article.  Rather,  the  more  signifi- 
cant features  will  be  pointed  out. 

As  previously  mentioned,  the 
basis  of  the  instrument  consists  of 
a combination  of  a high-voltage 
cathode-ray  tube,  a wide-band  ver- 
tical defiection  amplifier,  a sweep 
circuit  providing  a wide  range  of 
driven  sweep  speeds,  and  a cali- 
brated delay  circuit  of  suitable  pre- 
cision for  maximum  utility  of  the 
instrument.  It  is  of  interest  to  con- 
sider the  principal  features  of  this 
combination.  Later  in  this  discus- 
sion, the  auxiliary  functions  neces- 
sary to  make  this  combination  of 
practical  use  will  be  outlined.  Fig- 
ure 1 represents  the  block  diagram 
of  the  instrument  indicating  the  na- 
ture of  these  functions  and  shows 
them  in  their  proper  relation. 

The  block  diagram  is  seen  to  be 
divided  into  two  parts  by  means  of 
a dashed  line.  Those  blocks  above 
the  line  comprise  the  circuits  of  the 
cathode-ray  indicator  unit  mounted 


in  the  upper  portion  of  the  rack. 
The  cathode-ray  tube  itself  is  thus 
at  a convenient  level  for  observa- 
tion while  standing  in  front  of  the 
equipment  or  while  the  operator  is 
seated  on  a standard  laboratory 
chair. 

The  lower  portion  of  the  block 
diagram  comprises  the  synchroniz- 
ing facilities  providing  for  various 
modes  of  indicator  sweep  opera- 
tion. These  circuits  are  located  in 
the  next  lower  portion  of  the  rack 
panel  space  at  a convenient  level  for 
easy  operation  of  controls.  All 
power  supplies  are  in  the  lower  por- 
tion of  the  rack. 

The  following  discussion  consid- 
ers the  indicator  and  synchronizer 
units  separately  as  delineated  in  the 
block  diagram  shown  in  Fig.  1. 

The  cathode-ray  tube  used  in  the 
indicator  unit  is  the  type  5RPA^ 
and  is  operated  at  a total  acceler- 
ating potential  of  from  7 to  12  kilo- 
volts, two  kilovolts  of  which  are 
applied  between  cathode  and  second 
anode  elements.  The  positive  accel- 
erating potential  is  obtained  from 
a rectified  radio-frequency  voltage 
supply  whose  output  is  variable 
from  5 to  10  kv. 

Experimental  data  shows  that, 
aside  from  limitations  imposed  by 


the  defiection  amplifier,  the  maxi- 
mum possible  visible  writing  rate 
for  these  conditions,  using  a P2 
screen,  for  example,  is  better  by  ^ 
factor  of  approximately  2.5  to  7 as 
compared  to  older  tube  types  oper- 
ating at  maximum  ratings  of  4,400 
volts  acceleration.  The  use  of  a 


FIG.  3 — Steady-state  response  curve  for 
vertical  amplifier 


cathode-ray  tube  with  a P2  screen 
is  desirable  in  this  equipment, 
since  it  has  been  found  to  be  suit- 
able as  an  all-purpose  screen  when 
operated  at  such  high  accelerating 
potentials.  This  is  because  the  P2 
screen  combines  long  - persistent 
characteristics  for  high-speed  low 
repetition  - rate  phenomena  with 
high  light  output  efficiency  as  com- 


FIG.  2 — Circuit  diagram  of  wide-bond  vertical  omplifier  which  employs  shunt  peaking  odjusted  to  minimize  transient  overshoot  and 

nonlinearity  of  phase  shift 
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pared  with  other  screen  materials. 
For  maximum  efficiency  in  photo- 
graphic recording,  however,  a cath- 
ode-ray tube  having  a Pll  screen 
is  usually  used  to  obtain  maximum 
advantage  of  such  factors  as  actinic 
intensity,  film  sensitivity  and  film 
development  techniques*. 

Operation  at  even  higher  acceler- 
ation potentials  in  this  equipment 
is  sometimes  desirable  and  even 
possible  as  will  be  pointed  out  later, 
but  additional  sacrifice  must  then 
be  taken  in  defiection  sensitivity 
because  of  the  decrease  in  defiection 
sensitivity  as  accelerating  potential 
is  increased. 

Vertical  Amplifier 

The  vertical  deflection  amplifier 
used  in  the  indicator  unit  is  a con- 
ventional push-pull  circuit  shown 
in  Fig.  2,  utilizing  an  829B  beam 
tetrode  in  the  output  stage.  Pre- 
ceding the  output  stage  are  two 
push-pull  6AK5  stages  and  a cath- 
ode-follower-driven push-pull  6AG7 
stage  which  drives  the  829B. 

Shunt  peaking  is  used  through- 
out and  adjusted  slightly  below 
optimum  to  minimize  transient 
overshooF  and  nonlinearity  of  phase 
shift  over  the  frequency  range  cov- 
ered by  this  circuit.  Phase  inver- 
sion from  unbalanced  input  is  ac- 
complished in  the  first  stage  with 
complete  balance  accumulated  in 
the  remaining  stages.  The  first 
stage  is  isolated  from  the  input  ter- 
minal by  a high-impedance  stepped 
attenuator  of  100  to  1,  10  to  1 and 
unity  attenuation  and  a cathode 
follower.  The  cathode  follower 
feeds  a linear  gain  control  arranged 
so  that  an  additional  attenuation  of 
10  to  1 is  obtained  at  minimum 
gain.  Input  impedance  is  nominally 
2.2  megohms  shunted  by  25  (x[xf.  As 
a convenience  in  television  applica- 
tions, the  input  impedance  may  be 
reduced  to  75  ohms  by  means-  of  a 
toggle  switch  to  match  the  standard 
signal  distribution  lines  in  a tele- 
vision system. 

The  performance  of  this  ampli- 
fier is  such  that  the  minimum  rise 
time  that  can  be  observed  is  0.04 
to  0.045  microsecond.  As  shown  in 
Fig.  3,  sinusoidal  response  is  at- 


tenuated 2 db  at  10  me  from  1-mc 
response.  Low-frequency  response 
is  such  that  a 20-cps  square  wave 
will  have  a sawtooth  distortion  of 
10  percent  or  less.  This  perform- 
ance is  obtained  with  a gain  of  ap- 
proximately 560,  resulting  in  a de- 
flection factor  of  0.1-volt  rms  per 
inch  of  peak-to-peak  deflection  with 
a total  of  12  kilovolts  applied  to  the 
cathode-ray  tube. 

Horizontal  Sweep 

The  driven  horizontal  sweep  pro- 
vides a time  base  linear  to  within 
5 percent  or  less  over  a continuous 
range  of  from  15,000  to  1-micro- 


FIG.  4 — Oscillograms  showing  (A)  test 
pulse  output  with  0.2-/^sec  calibrating  sig- 
nal and  (B)  transmission  line  test  with 
differentiated  test  pulse  and  calibrating 
signal 


second  duration  for  four  or  more 
inches  of  deflection.  This  corre- 
sponds to  a maximum  sweep  speed 
of  4 inches  per  microsecond.  The 
circuit  used  is  known  in  some 
circles  as  the  bootstrap  sawtooth 
generator,  and  with  suitable  altera- 
tion provides  a sweep  whose  speed 
may  be  varied  practically  continu- 
ously over  the  entire  range. 

The  sweep  may  be  initiated,  (as 
shown  in  the  block  diagram  of  Fig. 
1)  either  externally  or  internally. 
External  initiation  is  by  means  of 


a positive  or  negative  trigger  sig- 
nal applied  to  terminals  on  the  in- 
dicator panel  suitably  connected 
into  the  circuit  by  a panel  switch. 
Internal  initiation  is  accomplished 
by  means  of  a triggering  signal  ob- 
tained from  the  synchronizer  unit 
which  in  turn  may  be  controlled  by 
the  signal  applied  to  the  vertical- 
deflection-amplifier  input  or  a sig- 
nal applied  to  an  external  sync 
terminal  on  the  synchronizer.  The 
sweep  starting-time  delay  through 
the  vertical  deflection  amplifier,  and 
consequently  the  synchronizer  cir- 
cuit, is  usually  not  more  than  0.5 
microsecond,  while  starting-time 
delay  for  direct  external  sweep 
triggering  is  about  0.1  microsecond 
or  less,  depending  somewhat  on 
trigger  rise  time. 

The  problem  of  signal  delay  to 
allow  sufficient  sweep  starting 
time  was  considered  in  the  develop- 
ment of  the  instrument.  Because  of 
the  stringent  requirements  of  uni- 
form frequency  characteristics  over 
the  wide  response  band  of  the  am- 
plifier, such  a delay  device  proved 
unavailable  at  reasonable  cost. 

Synchronizer  Unit 

The  synchronizer  unit  provides, 
basically,  the  function  of  timing 
the  occurrence  of  the  indicator 
sweep  with  respect  to  a reference 
time.  Essentially  two  methods  of 
precise  timing  are  available.  These 
consist  of  a time-calibrating  marker 
oscillator  to  be  described  later,  and 
a precision  delay  circuit  delaying 
the  occurrence  of  the  sweep  with 
respect  to  a reference  trigger.  This 
circuit  consists  of  a temperature 
and  linearity-compensated  saw- 
tooth generator  whose  output  is 
compared  in  amplitude  with  a regu- 
lated d-c  voltage®.  The  d-c  voltage 
level  is  controlled  by  a 10-turn  heli- 
cal potentiometer  having  a high  de- 
gree of  linearity.  Amplification  of 
the  signal  resulting  from  this  com- 
parison results  in  a signal  which, 
when  differentiated,  is  used  to  trig- 
ger the  indicator  sweep.  Two  delay 
ranges  are  provided;  namely  100 
and  1,000  microseconds.  Time  delay 
between  an  initiating  trigger  and 
the  start  of  the  cathode-ray  tube 
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sweep  is  read  on  a dial  controlling 
the  10-turn  potentiometer,  and  read- 
ings are  accurate  to  within  plus  or 
minus  0.1  percent  full  scale.  The 
dial  is  mounted  near  the  cathode- 
ray  tube  on  the  indicator  panel  for 
convenience  in  operation. 

To  provide  versatility  in  the  con- 
trol of  the  sweep-timing  functions 
in  the  synchronizer  unit,  certain 
auxiliary  features  are  available  and 
are  described  in  the  following 
paragraphs. 

Internal  Triggering 

A trigger  generator  utilizing  a 
blocking  oscillator  circuit  is  pro- 
vided to  operate  the  circuits  of  the 
instrument  at  repetition  rates  be- 
tween 120  and  3,000  pps.  This  cir- 
cuit, labelled  TRIGGER  (amplifier) 
GENERATOR  in  the  synchronizer  por- 
tion of  the  block  diagram,  may 
also  be  used  optionally  as  a trigger 
amplifier  by  suitable  switching  of 
blocking  grid  bias.  It  is  preceded 
by  a sync  amplifier,  and  phase  se- 
lector so  that  the  operation  of  the 
circuits  may  be  initiated  by  ex- 
ternal signals  of  either  polarity  ap- 
plied to  an  external  sync  terminal 
or  through  the  vertical  deflection 
amplifier.  A trigger  from  this  cir- 
cuit is  available  at  a front  panel 
terminal  and  may  be  either  unde- 
layed or  delayed  25  microseconds 
with  respect  to  the  generator  out- 
put. This  delay  provision  is  intended 
for  use  in  so  called  synchroscope 
applications  where  the  internal 
trigger  generator  is  used  for  ini- 
tiating or  synchronizing  purposes. 

The  operation  of  the  calibrated 
delay  circuit  is  initiated  by  the  out- 
put of  the  trigger  generator, 
whether  used  as  such  or  as  a trigger 
amplifier.  This  circuit  thus  serves 
to  provide  the  reference  trigger  for 
all  subsequent  time  measurements. 
The  use  of  the  delayed-trigger 
output  results  in  the  possibility  of 
observing  before  and  after  a sub- 
sequent circuit  operation  as  well 
as  to  measure  the  time  duration  of 
such  operation  by  suitable  adjust- 
ment of  the  calibrated  delay. 

For  purposes  of  sweep-speed  cali- 
bration, a sine-wave-gated  oscilla- 
tor is  provided  which  furnishes 


either  10,  1,  or  0.2-microsecond  in- 
tervals in  the  form  of  vertical  de- 
flections available  at  any  time  in- 
dependently of  the  normal  deflec- 
tion amplifier  input  signal.  Some 
care  was  taken  in  temperature  com- 
pensating this  circuit  to  increase  its 
accuracy  over  long  periods.  As  a 
result,  one-percent  accuracy  of  cali- 
bration is  obtained. 

Television  Circuits 

A combination  of  circuits  in- 
tended strictly  for  television  appli- 
cations is  provided  and  is  shown 


on  the  block  diagram  (Fig.  1)  as 
CLIPPER,  SYNC  SEPARATOR,  and  FIELD 
and  LINE  SELECTOR.  This  combina- 
tion of  circuits,  is  inserted  by 
means  of  a sync-selector  switch  be- 
tween the  sync  phase  inverter  and 
amplifier  and  the  trigger  (ampli- 
fier) generator.  When  the  instru- 
ment is  used  in  connection  with 
television  facilities,  either  studio  or 
receiving,  any  one  of  the  525  hori- 
zontal scanning  lines  of  the  televi- 
sion raster  can  be  selected  for  de- 
tailed observation  in  expanded  form 
through  the  vertical  deflection  am- 


plifier. Video  content  of  any  line 
may  thus  be  observed  and  measured 
in  terms  of  test-pattern  resolution, 
video  i-f  transient  response  and 
other  characteristics  not  readily 
displayed  by  ordinary  methods.  The 
exact  form  of  the  synchronizing 
pulses  may  also  be  measured  to  ac- 
curacies required  by  the  present 
Standards  of  Good  Engineering 
Practice  as  defined  by  both  the  Fed- 
eral Communications  Commission 
and  the  RMA. 

In  this  combination  of  circuits 
the  operations  employed  to  accom- 


plish the  function  of  line  selection 
in  terms  of  the  television  compo- 
site signal  consist  mainly  of  clip- 
ping off  the  video  portion  of  the 
signal ; separating  out  vertical 
sync;  integrating,  amplifying,  and 
differentiating  it;  triggering  a de- 
lay multivibrator,  a blocking  oscil- 
lator, and  another  delay  multivibra- 
tor; and  finally  applying  the  differ- 
entiated output  of  the  last-men- 
tioned multivibrator  to  the  trigger 
amplifier  described  above.  Further- 
more, in  the  application  of  these 
multivibrator  and  blocking-oscilla- 
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FIG.  5 — Time  sequence  of  circuit  operation  for  the  two  principle  types  of  application 
(A)  Timing  television  synchronizing  and  video  waveforms,  and  (B)  General  purpose 

timing 
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tor  circuits,  use  is  made  of  the  dif- 
ference between  the  alternate  and 
interlaced  field  signals. 

Since  the  line  selector  delays  the 
sweep  trigger  in  increments  of  a 
scanning  line,  the  calibrated  delay 
circuit  is  utilized  to  give  continuous 
and  smooth  delay  over  the  range  of 
one  or  more  lines.  To  stabilize  the 
final  line  selector  delay  multivibra- 
tor against  jitter  inherent  in  such  a 
circuit,  a suitable  amount  of  compo- 
site sync  is  applied  to  the  timing 
portion  of  the  circuit.  This  results 
in  a timing  error  of  only  0.02  mi- 
crosecond or  less,  allowing  full 
scale  expansion  of  a pulse  such  as 
an  equalizer  through  the  sweep- 
speed  control  without  serious  condi- 
tions of  pattern  jitter. 

Marker  Pulses 

As  an  auxiliary  feature  for  tele- 
vision applications,  a marker  pulse 
is  available  at  an  output  terminal 
on  the  indicator  chassis  which  cor- 
responds to  the  sweep  in  time.  This 
pulse  is  mixed  with  a television 
composite  signal  when  applied  to 
the  vertical-amplifier  input  ter- 
minal. This  can  be  applied  to  a 
television  monitor  with  the  pulse 
serving  as  a marker  to  indicate  the 
portion  of  the  television  video  under 
observation  on  the  horizontal  sweep. 

A test  pulse  is  also  available  at 
a front  panel  terminal  for  use  in 
testing  amplifier  circuits  on  a tran- 
sient basis.  This  pulse  is  of  approxi- 
mately 1-microsecond  duration  and 
has  a rise  time  of  something  less 
than  0.02  microsecond,  and  it  is 
generated  by  a well-known  circuit 
consisting  of  two  tetrode  thyra- 
trons  in  tandem  with  a lumped- 
constant  delay  line  to  form  the 
pulse  in  one  of  the  plate  circuits. 
It  is  available  at  75  ohms  or  less 
impedance  and  variable  in  ampli- 
tude up  to  20  volts  peak  and  is 
initiated  by  a trigger  which  is  de- 
layed approximately  25  microsec- 
onds with  respect  to  the  reference 
trigger. 

Figure  4A  is  an  oscillogram  of 
this  pulse  on  a sweep  of  approxi- 
mately 1.5  microsecond,  with  Fig. 
4B  illustrating  one  of  the  many 


uses  of  this  pulse.  This  particular 
application  is  a transmission-line 
test  in  which  the  pulse  is  differen- 
tiated and  then  applied  to  the  line. 
The  leading-edge  pip  is  about  0.07 
microsecond  wide  at  10-percent 
amplitude.  The  results  shown  here 
indicate  a line  short-circuited  at 
the  far  end  because  of  the  negative 
reflection  of  the  leading  edge  pip 
to  the  right  of  the  differentiated 
trailing  edge.  The  time  between 
the  initial  leading  edge  and  the 
first  reflection  measured  at  10-per- 
cent amplitude  points  can  then  be 
measured  accurately  to  determine 
certain  electrical  characteristics  of 
the  line. 

All  of  the  above  auxiliary  func- 


FIG.  6 — Voltage  waveiorms  (A)  across 
an  electronic  photo-flash  lamp  (15,000- 
/usec  sweep)  and  (B)  voltage  rise  across 
same  lamp  with  lO-^sec  sweep 

tions  are  suitably  combined  in  the 
instrument  by  appropriate  switch- 
ing of  various  stages. 

' Applications 

Figure  5 shows  the  time  sequence 
of  circuit  operation  for  the  two 
principal  types  of  application  of 
the  instrument. 

The  top  portion  of  Fig.  5 indi- 
cates the  timing  of  the  horizontal 
sweep  of  the  instrument  with  re- 
spect to  the  configuration  of  the 
television  synchronizing  and  video 
waveform.  In  this  case  the  sync 


selector  switch  in  the  synchronizer 
unit  sets  up  a combination  of  the 
phase  selector;  sync  amplifier;  clip- 
per, sync  separator,  field  and  line 
selector;  trigger  amplifier  (trigger 
generator  operating  as  a driven 
blocking  oscillator)  and  calibrated 
delay. 

The  sweep  calibrator  is  also  op- 
tionally available.  In  effect,  the 
sweep  is  delayed  with  respect  to  a 
vertical  sync  pulse  and  used  as  a 
reference  point  over  a range  which 
covers  one  complete  field  of  the 
television  raster.  Either  of  the 
interlaced  fields  may  be  selected, 
as  previously  mentioned,  by  a cir- 
cuit which  makes  use  of  the  half- 
line difference  in  time  intervals 
between  the  last  equalizer  and  first 
horizontal  sync  pulse  in  the  two 
fields.  The  range  of  the  field  se- 
lector control  is  such  that  at  its 
minimum  setting  the  indicator 
sweep  is  triggered  at  60  pps,  or 
field  frequency;  and  at  intermedi- 
ate settings  the  indicator  sweep 
is  triggered  at  30  pps,  or  frame 
frequency.  One  would  expect  that 
at  such  a low  sweep-repetition  rate 
and  with  the  fastest  sweep  applied 
to  expand  a sync  pulse  (for  ex- 
ample, so  that  only  its  rise  time  is 
displayed),  the  trace  would  hardly 
be  visible.  However,  a trace  of  suf- 
ficient brightness  and  adequate 
pattern  stability  is  still  obtainable 
by  reason  of  the  high  beam-acceler- 
ating potential  for  making  photo- 
graphic recordings.  The  illustra- 
tions shown  in  this  article  are 
reproductions  of  such  photographs. 
Figure  6B  was  made  at  a i-second 
exposure  using  an  f 3.5  lens  in  a 
camera  such  as  the  Du  Mont  Type 
271-A. 

This  method  of  observation  of 
the  television  waveform  gives  im- 
mediate and  direct  information 
without  recourse  to  auxiliary  equip- 
ment, tables,  or  nomographs. 

The  lower  portion  of  Fig.  5 indi- 
cates the  time  sequence  of  circuit 
operation  in  general-purpose  appli- 
cations. In  this  case  the  sync  se- 
lector bypasses  the  television  cir- 
cuits so  that  the  phase  selector  and 
sync  amplifier  feed  sync  into  the 
trigger  amplifier  which  may  now  be 
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used  as  either  a driven  or  free-run- 
ning blocking  oscillator  to  provide 
the  proper  trigger  voltage  required 
by  subsequent  circuits  depending  on 
the  situation  in  which  it  is  to  be 
used.  Thus  the  trigger  generator, 
while  initiating  the  operatioij_of  the 
sweep  circuit,  either  initiates  the 
operation  of  external  devices  or  is 
initiated,  or  synchronized,  by  the 
external  device.  If  operation  of  the 
cathode-ray  tube  sweep  is  to  be 
dependent  on  the  signal  to  be  ob- 
served, only  0.25.  inch  of  deflection 
is  needed  for  stable  operation.  This 
corresponds  to  less  than  0.07  volt 
peak-tb-peak  of  signal. 

It  is  to  be  noted  that  operation 
similar  to  the  ordinary  oscillograph 
is  possible  since  the  usual  internal 
and  external  sync  provisions  are 
available.  However,  the  .calibrated 
sweep  delay  is  available  when  the 
external  sync  operation  is  utilized. 
This  system  allows  for  precision 
time  measurement  of  phenomena 
up  to  1,000  microseconds  after  some 
reference  signal. 

Thus,  with  the  aid  of  these  facili- 
ties plus  the  sweep  calibrator,  time 
measurements  can  be  made  of  small 


intervals  up  to  the  ultimate  resolu- 
tion of  the  wide-band  vertical  am- 
plifier and  the  fastest  sweep  avail- 
able. In  terms  of  writing  speed, 
this  turns  out  to  be  of  the  order  of 
20  inches  per  microsecond. 

The  usefulness  of  the  instrument 
can  be  extended  for  some  applica- 
tions by  applying  higher  accelerat- 
ing potentials  to  the  cathode-ray 
tube.  Suitable  insulation  is  pro- 
vided so  that  up  to  20  kilovolts  may 
be  applied  by  replacing  the  stand- 
ard high-voltage  power  supply  with 
another  unit  which  has  a maximum 
output  of  25  kilovolts.  In  this  in- 
strument the  voltage  should  be 
limited  to  20  kilovolts  because  of  a 
cathode-ray  tube  rating  of  10  to  1 
ratio  of  postdeflection  to  prede- 
flection accelerating  potentials.  The 
brightness  of  the  trace  is  increased 
by  about  four  times  by  doubling 
the  accelerating  potential  especially 
for  fast  single  transient  observa- 
tions. This  permits  reliable  photo- 
graphic recording. 

Figure  6 shows  two  oscillograms 
of  the  operation  of  an  electronic 
photoflash  lamp.  In  this  case  the 
delayed  output  trigger  of  the  Type 


280  is  applied  to  the  photoflash 
lamp  circuit  to  initiate  its  opera- 
tion. The  timing  of  the  circuit  op- 
erations in  the  Type  280  is  then  in 
accordance  with  the  lower  portion 
of  Fig.  5,  so  that  any  portion  of  the 
voltage  wave  appearing  across  the 
lamp  can  be  positioned  on  the  trace 
by  means  of  the  sweep  delay. 

The  helpful  assistance  of  Horace 
Atwood,  Jr.  under  whose  super- 
vision the  project  was  carried 
through  the  development  stage  is 
sincerely  appreciated.  The  assist- 
ance of  Melvin  B.  Kline  in  handling 
some  of  the  work  of  the  synchron- 
izer unit  is  also  acknowledged. 
Many  other  valuable  suggestions 
and  much  other  assistance  was  fur- 
nished by  other  members  of  the  In- 
strument Engineering  Department 
of  the  Instrument  Division  of  Allen 
B.  Du  Mont  Laboratories,  Inc. 
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Pulses  as  short  as  0.5  millimicrosecond  can  be  viewed  or  recorded  through  use  of  high-gain 
distributed  amplifiers  and  high- vacuum  linear-sweep  generators.  Distributed  amplifiers 

show  promise  for  utilization  to  500  me  or  higher 


By  Y.  P.  YU, 

OBSERVATION  and  measurement 
of  pulses  of  the  order  of  lO"* 
to  10"“  sec  have  assumed  increasing 
importance.  This  paper  will  discuss 
some  recent  oscillographic  develop- 
ments in  circuits  for  measurement 
of  these  time  intervals. 

Development  of  high-speed  sweep 
circuits^**,  refinements  in  reflection 
systems**  *■  *■  *,  and  waveform  an- 
alysis using  signal  delay  systems* 
have  been  described  in  the  litera- 
ture. This  paper  is  mainly  con- 


H.  E.  KALLMAN  AND  P.  S. 

cerned  with  the  development  of  dis- 
tributed amplifiers. 

The  development  of  amplifiers 
capable  of  satisfactory  reproduc- 
tion of  signals  containing  signal 
components  in  the  order  of 
hundreds  of  megacycles  has  been 
hampered  by  the  limitations  im- 
posed by  practical  values  of  trans- 
conductance, interelectrode  capaci- 
tances and  input  loading  of  vacuum 
tubes.  The  suggestion  of  increas- 
ing effective  transconductance  with- 
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out  increasing  shunt  capacitance  by 
incorporating  a number  of  tubes 
into  a transmission  line  network 
was  made  many  years  ago,*  but  only 
recently*’*’“'“  has  it  been  utilized  to 
some  degree.  The  principle  of  dis- 
tributed amplification  appears  to 
be  the  most  promising  for  use  with 
presently  available  tubes  and  com- 
ponents, and  a number  of  practical 
designs  have  been  evolved. 

Distributed  Amplifiers 
Figure  1 shows  the  basic  circuit 
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of  a distributed  amplifier  stage. 
Two  artificial  transmission  lines 
are  connected  separately  to  plates 
and  grids  of  the  amplifier  tubes, 
which  become  part  of  the  lines.  A 
signal  voltage  e,  applied  to  the  in- 
put terminal  is  transmitted  along 
the  grid  line  to  the  grid  of  Fi,  pro- 
ducing a corresponding  change  in 
plate  current  which  is  trans- 
mitted along  the  plate  line.  When 
the  applied  signal  reaches  the  grid 
of  Fj,  a similar  change  of  plate  cur- 
rent will  be  produced  in  that  tube. 

If  the  propagation  constants  of 
these  two  lines  are  equal,  the  signal 
components  of  plate  currents  pro- 
duced by  various  tubes  will  arrive 
at  the  output  terminal  at  the  same 
time  and  will  add.  The  usual  un- 
desirable effects  resulting  froni 
paralleling  of  tube  capacitances  are 
thereby  eliminated. 

When  resistor  is  made  equal  to 
the  characteristic  impedance  of  the 
plate  line,  signal  currents  trans- 
mitted to  the  left  will  be  completely 
absorbed.  Similarly,  the  applied 
signal  Bg  will  also  be  absorbed  after 
the  grid  of  F„  when  Rg  is  made 
equal  to  the  characteristic  imped- 
ance of  the  grid  line. 

Practical  Considerations 

For  simplicity,  both  the  grid  and 
plate  lines  can  be  made  of  con- 
stant-fc  low-pass  T-sections.  How- 
ever, w-derived  sections  have  at 
least  two  advantages  compared 
with  constant-A;  sections.  First, 
time  delay  can  be  made  substanti- 
ally constant  over  the  entire  pass 
band  with  less  resulting  phase  dis- 
tortion. Second,  greater  shunting 
capacitance  can  be  used  when  m is 
greater  than  unity.  This  would 
permit  either  greater  bandwidth  or 
higher  line  impedance  and  corre- 
spondingly higher  stage  gain. 

The  w-derived  network  with  sub- 
stantially constant  time  delay  up  to 
two-thirds  of  the  cutoff  frequency 
is  known  to  be  that  with  m = 1.27. 
A typical  m-derived  section  is 
shown  in  Fig.  2 together  with  its 
equivalents.  The  negative  induct- 
ance — ilf  in  series  with  the  shunt 
capacitance  C results  from  the  aid- 


ing magnetic  coupling  between  the 
two  halves  of  L. 

With  L and  C defined  as  in  Fig. 
2,  the  characteristic  impedance 
becomes 

Zo  = JA  = J — (1) 

1 Ck  K (m»  -f  1)  C 
and  the  cutoff  frequency  is 

The  above  expression  indicates  that 


tributed  amplifier 


its  eqiuTolents 


the  cutoff  frequency  of  an  w-de- 
rived section  is  w times  that  of  a 
constant-A;  section. 

Bridged-T  networks  offer  the  ad- 
vantage of  more  constfmt  char- 
acteristic impedance,  but  this  is 
offset  by  the  need  for  twice  the 
number  of  critical  circuit  elements. 

The  signals  traveling  along  both 
the  grid  and  plate  lines  are  subject 
to  losses  that  will  cause  consider- 
able attenuation  at  high  frequen- 
cies because  of  the  presence  of  im- 
pedance in  the  cathode  circuit  and 
the  transit-time  effect. 

In  a distributed  amplifier  stage 
the  signal'  at  the  grid  of  the  first 
tube  is  attenuated  by  these  losses 
once,  at  the  second  tube  grid  twice, 
and  so  forth.  An  analysis  assumes 
that  the  signal  is  attenuated  by  a 
db  in  the  first  section,  by  2a  db  in 


the  second,  and  so  on  by  tia  db  in 
the  «th  section.  The  effective  sum 
of  all  signal  components  of  plate 
currents  is  then  reduced  from 
ng^Bg  on  the  output  of  an  w^tube 
distributed  amplifier  stage  to 
(a  + a*  +....  + a"),  where  a = 
antilog  a/20.  The  value  of  this 
sum  is  g„Bga(l  — a’*)/(l  — a)  and 
the  resulting  loss  in  db  is  20  log 
a(l  — a")/rt(l  — a).  For  a typical 
case  of  n = 7 and  a = 0.6  db,  the 
resulting  loss  is  2.5  db. 


FIG.  3 — Method  of  coupling  two  stages  of 
a distributed  amplifier 


Plate  Line  Losses 

Similar  consideration  may  apply 
to  losses  in  the  plate  line  due  to  low 
plate  impedance  of  some  tubes,  such 
as  the  type  6AN5}  whose  plate  im- 
pedance is  likely  to  be  below  10,000 
ohms.  The  losses  so  caused,  are 
perhaps  0.5  db  per  stage. 

Because  of  these  losses  there  is 
obviously  a limiting  number  of 
tubes  per  stage  beyond  which  the 
amplification  of  the  stage  will  de- 
crease instead  of  increase.  A mathe- 
matical analysis  assuming  0.6-db 
losses  per  section  in  both  grid  and 
plate  lines  shows  the  gain  increases 
very  slowly  after  « = 8,  becomes 
maximum  when  n = 12  and  de- 
creases thereafter.  The  effect  of 
coil  losses  due  to  skin  effect  and 
other  factors  is  small  compared 
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with  tube  losses,  about  1 db  for  40 
sections  of  200-ohm  networks. 

Other  factors  such  as  grid  and 
plate-lead  inductances  result  in 
lowering  the  amplifier  cutoff 
frequency  and  in  altering  the  char- 
acteristic impedance  of  the  trans- 
mission lines.  Fortunately,  it  is 
possible  to  minimize  such  undesir- 
able effects  to  a small  percentage 
in  a well-designed  amplifier. 

It  is  important  to  point  out  that 
uniform  amplification  with  respect 
to  frequency  variation  cannot  be  ob- 
tained in  a stage  of  distributed 
amplification  when  the  receiving 
end  of  the  plate  line  is  open.  The 
reasons  are:  (1)  The  input  imped- 
ance of  a transmission  line  is  no 
longer  constant  if  it  is  not 
terminated  by  its  own  character- 
istic impedance,  thus  the  line  im- 
pedance looking  at  the  plates  of  the 
amplifier  tubes  changes  as  the  sig- 
nal frequency  varies;  (2)  The 
phase  relations  between  the  re- 
flected wave  and  the  signal  com- 
ponents of  various  plate  currents 
change  as  the  signal  frequency  var- 
ies ; therefore,  they  may  add  at  one 
frequency  and  subtract  at  another. 

Since  the  load  of  an  oscillograph 
deflection  amplifier  is  the  deflecting 
plate  of  a cathode-ray  tube,  which 
is  essentially  a capacitive  load  of 


not  less  than  2 nfit,  it  cannot  be 
connected  directly  across  the  termi- 
nating resistor  of  the  output  line 
without  introducing  reflections. 

To  avoid  this  undesirable  effect, 
an  additional  section  is  used,  and 
the  deflecting  plates  of  the  cathode- 
ray  tube  are  connected  as  part  of 
the  shunt  capacitance.  This  ca- 
pacitance is  adjusted  so  that  the 
total  shunting  capacitance  is  equal 
to  that  of  other  sections  of  the 
same  line. 

For  amplification  of  pulses,  the 
transient  response  of  the  amplifier 
is  important,  particularly  the  rise 
time  and  the  percentage  of  over- 
shoot. In  order  to  minimize  the 
overshoot  of  a multistage  amplifier, 
it  is  necessary  that  the  phase  dis- 
tortion be  kept  very  low  and  that 
the  frequency  response  drop  slowly 
and  steadily,  following  the  Gaussian 
error  curve.  If  fi  is  the  frequency 
at  the  70-percent  point  of  the  fre- 
quency response  curve,  the  37-per- 
cent  point  should  be  located  approx- 
imately at  1.5  /i.  The  shape  of  the 
response  below  30  percent  is  not 
critical,  but  it  also  should  drop 
slowly  and  steadily. 

Multistage  Operation 

The  rise  time  of  an  amplifier 
stage  is  approximately  equal  to  the 


ratio  of  0.35/Tr,  where  W is  the  3-db 
bandwidth  of  the  amplifier.  For  w 
stages,  the  over-all  rise  time  is  ap- 
proximately equal  to  the  square 
root  of  the  sum  of  the  squares  of 
those  of  the  individual  stages  when 
the  percentage  of  overshoot  is  neg- 
ligible. It  may  be  noted  here  that 
the  effect  of  an  oscillograph  ampli- 
fier having  rise  time  on  a signal 
pulse  having  rise  time  Tp  can  be 
estimated  from  the  following 
expression : 

= ^llVTW  (3) 
Thus  a signal  pulse  with  a rise 
time  of  0.01  /xsec  will  appear  to  be 
slowed  down  by  11  percent  in  an 
oscillograph  amplifier  with  T„  = 
0.005  jusec  to  a resultant  rise  time 
of  0.011  /Asec. 

Since  there  must  always  be  cer- 
tain physical  distances  existing  be- 
tween stages,  the  inductance  of  the 
leads  employed  for  connecting 
stages  affects  the  response  of  the 
amplifier.  To  overcome  this  diffi- 
culty, additional  dummy  sections 
are  used.  These  sections  serve  as  a 
continuation  of  the  line,  with  tube 
capacitances  replaced  by  the  in- 
creased trimmer  capacitances. 

Distributed  amplifier  stages  may 
be  coupled  directly  in  order  that 
response  may  be  extended  down  to 
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FIG.  4 — ^Amplitude-frequency  characteristics  of  distributed  amplifier  A (upper  curve) 
and  distributed  amplifier  B (lower  curve) 


FIG.  5 — Amplitude-amplitude  characteristics 
of  omplifier  A (upper  curve)  and  B (lower) 
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d-c  signals.  For  such  operation, 
suitable  means  must  be  provided  to 
overcome  the  difficulty  of  the  pres- 
ence of  quiescent  plate  potential.^ 
When  d-c  response  is  not  required, 
the  arrangement  shown  in  Fig.  3 
has  been  found  suitable  to  allow  sig- 
nals of  very  low  frequencies  to  pass 
with  the  use  of  standard  compo- 
nents and  without  affecting  the  re- 
sponse at  high  frequencies.  The 
physical  size  of  the  coupling  capac- 
itors should  be  kept  as  small  as  pos- 
sible in  order  to  avoid  difficulties 
caused  by  both  distributed  capaci- 
tance and  lead  inductance  of  the 
coupling  capacitor. 

In  Fig.  3,  Ri  and  Rs  are  made 
equal  to  the  characteristic  imped- 
ance of  the  line,  Ci  is  made  equal  to 
Ci,  and  Ra  is  made  as  large  as  pos- 
sible for  the  type  of  amplifier  tubes 
used.  Under  this  condition,  the  im- 
pedance to  the  right  of  point  A 
essentially  equals  that  to  the  left 
except  for  the  existence  of  a high 
resistance  Ra.  Theoretically,  the 
frequency  response  will  be  uniform 
as  long  as  the  resistance  of  Ra  is 
very  large  compared  with  the  re- 
actance of  Ca.  Experimental  re- 
sults show  that  frequency  response 
can  be  kept  flat  to  as  low  as  200  cps 
even  when  the  line  impedance  is 
200  ohms  and  the  coupling  capaci- 
tance is  only  O.Ol/^f. 

Impedance  transformation  can  be 
secured  through  the  use  of  a stage 
of  distributed  amplification.  For 
such  operations  the  characteristic 
impedances  of  grid  and  plate  lines 
are  made  respectively  equal  to  the 
input  and  output  impedances.  When 
the  stage  consists  of  more  than  one 
tube,  the  propagation  constants  of 
both  grid  and  plate  lines  should  be 
made  identical. 

The  amplification  of  a multistage 
distributed  amplifier  may  be  con- 
trolled by  changing  the  number  of 
stages  or  by  inserting  attenuators. 
The  former  may  offer  the  ad- 
vantage of  better  frequency  re- 
sponse and  shorter  rise  time,  while 
the  latter  has  been  proved  to  be 
more  practical  in  actual  cases,  since 
it  minimizes  the  number  of  plug-in 
connections  or  switches  required. 
While  stage  gain  can  also  be  con- 


trolled by  variation  of  grid  bias, 
this  method  is  undesirable  because 
it  seriously  affects  the  amplitude- 
amplitude  characteristic,  producing 
nonlinearity. 

Results 

Two  multistage  distributed  am- 
plifiers are  shown  in  the  photo- 
graphs. Amplifier  A consists  of  six 
stages,  four  single-ended  stages,  a 
phase  inverter,  and  a push-pull  out- 
put stage.  Amplifier  B consists  of  a 
single-tube  stage  used  as  impedance 
transformation  for  coupling  to  a 
50-ohm  coaxial  cable,  a single-ended 
stage,  a phase  inverter,  and  a push- 
pull  output  stage. 

The  individual  stages  of  amplifier 
A were  designed  to  have  their  theo- 
retical cutoff  frequency  at  250  me 
and  their  time  delay  approximately 
1.26  X 10'®  second,  while  those  of 
amplifier  B are  at  125  me  and 
2.52  X 10'®  second,  respectively. 
The  amplitude-frequency  character- 
istics of  these  two  amplifiers  are 


shown  in  Fig.  4,  and  curves  show- 
ing amplitude-amplitude  character- 
istics of  both  amplifiers  are  shown 
in  Fig.  5. 

The  rise  time  of  amplifier  A was 
measured  to  be  approximately  0.004 
/isec  and  of  amplifier  B,  0.005  /tsec 
by  the  use  of  a special  pulse 
generator  capable  of  producing 
square  pulses  of  0.012-/isec  dura- 
tion. The  upper  curve  of  P^g.  6 
shows  the  shape  of  the  applied  pulse 
as  it  appeared  on  the  screen  of  a 
cathode-ray  tube.  The  lower  curve 
shows  the  shape  of  the  same  pulse 
after  transmission  through  a 50-db 
attenuator  and  distributed  ampli- 
fier A.  Amplifier  A has  a gain  of 
approximately  5,000  and  is  capable 
of  delivering  a balanced  undis- 
torted output  voltage  of  130  volts 
peak  to  peak.  Amplifier  B has  a 
gain  of  approximately  180  and  its 
maximum  undistorted  output  volt- 
age is  85  volts  peak  to  peak,  bal- 
anced about  ground.  A tabulation 
of  technical  data  for  both  amplifiers 


Table  I — Technical  Data  for  Distributed  Amplifier  A 


Output 

Grid 

Plate 

Plate 

Approx. 

Volts 

Line 

Line 

Current 

Gain 

Pefik- 

Stages 

Tubes 

Function 

Ohms 

Ohms 

in  Ma 

to-Peak 

1st 

8 6AK5’8 

Preamplifier 

200 

200 

60 

4 

0.1 

2nd 

8 6AK5’s 

Preamplifier 

200 

200 

60 

4 

0.4 

3rd 

8 6AK5’s 

Impedance 

T ransformation 

200 

125 

60 

2.5 

1 

4th 

8 6AN5’s 

Driver 

125 

125 

270 

6.5 

6.5 

5th 

2 6AN5’s 

Phase  Invertor 

125 

125 

65 

1 

6.5 

6th 

24  6AN5’s 

Push-Pull  Output 

125 

200 

800 

20 

130 

Total 

58  Tubes 

200 

200 

1 . 285  amp 

5,000 

130 

Table  11 — 

Technical  Data  for  Distributed  Amplifier  B 

Output 

Grid 

Plate 

Plate 

Approx. 

Volts 

Line 

Line 

Current 

Gain 

Peak- 

Stages 

Tubes 

Function 

Ohms 

Ohms 

in  Ma 

to-Peak 

1st 

1 6AK5 

Impedance 

Transformation 

50 

400 

9 

2 

2 

2nd 

5 6AK5’s 

Preamplifier 

400 

300 

45 

3.8 

6 

3rd 

1 6CB6 

Phase  Inverter 

300 

300 

15 

1 

2.5 

4th 

14  6CB6’8 

Push-Pull  Output 

300 

520 

210 

23 

85 

Total 

21  Tubes 

50 

520 

279 

175 

85 

160 
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is  given  in  Tables  I and  II. 

High-Speed  Sweep  Circuits 

Since  the  deflection  of  the  cath- 
ode-ray beam  is  accomplished  by 
a variation  of  electric  field  potential 
between  the  horizontal  deflecting 
plates,  it  is  necessary  to  have  this 
field  potential  changed  at  a rate 
dv/dt  such  that  the  spot  will  move 
at  the  required  speed.  For  in- 
stance, a type  5XP  cathode-ray  tube 
operating  with  a second-anode  po- 
tential of  4 kv  and  an  intensifier 
potential  of  25  kv  requires  approxi- 
mately 300  volts  change  in  electric 
field  potential  for  one  inch  of  hori- 
zontal deflection.  The  capacitance 
between  these  two  plates,  including 
wiring  capacitance,  is  approxi- 
mately 15  iijxf.  The  current  re- 
quired for  a sweep  speed  of  400 
inches  per  /xsec  becomes  I = C 
dv/dt  = 2 amperes.  This  result 
indicates  that  a tube  with  high  cur- 
rent capacity  is  required  in  a high- 
speed sweep  circuit. 

The  requirement  of  high  current 
capacity  suggests  immediately  the 
use  of  a thyratron  but  time  jitter  is 
then  produced  on  the  screen  of  the 
cathode-ray  tube.  Furthermore,  it 
is  difficult  to  operate  gas-tube 
sweeps  at  repetition  rates  above 
10,000  or  even  5,000  per  second  be- 
cause of  the  relatively  long  time  re- 
quired for  deionization. 

If  a high-vacuum  tube  is  consid- 
ered for  use  as  a switch  tube  it 
will  be  required  to  conduct  between 
successive  sweeps  in  a conventional 
circuit.  For  high  sweep  speeds  it 
becomes  difficult  to  find  a Vacuum 
tube  that  can  pass  2 amperes  of 
plate  current  and  that  has  inter- 
electrode capacitances  and  lead  in- 
ductances small  enough  for  the 
highest  sweep  speeds  desired. 

A vacuum-tube  sweep  circuit  in 
which  the  switch  tube  is  normally 
cut  off  and  conducts  only  during  the 
time  of  sweep  is  shown  in  Fig.  7. 
In  this  circuit  the  switch  tube  Fg 
is  a vacuum  tetrode  type  4X1 50 A. 
The  lead  inductances  and  interelec- 
trode capacitances  of  this  tube  are 
quite  small,  yet  its  peak  current 
capacity  is  over  2 amperes.  If  the 


repetition  rate  is  kept  under  100,- 
000  per  second,  forced-air  cooling 
of  the  tube  is  unnecessary. 


Use  of  Tetrode 

The  reasons  for  using  a tetrode 
instead  of  a triode  as  a switching 


FIG.  6 — Woreform  of  0.012  /usec  test 
pulse  applied  directly  to  vertical  deflect- 
in9  plates  of  cathode-ray  tube  (upper 
waveform)  and  same  pulse  after  trans- 
mission through  a 50-db  attenuator  and 
amplifier  A (lower  waveform) 

tube  are;  (1)  The  input  capaci- 
tance is  substantially  smaller  be- 
cause Miller  effect  is  greatly  mini- 
mized by  the  presence  of  a screen 
grid.  This  enables  the  sweep  speed 
to  become  higher  and  simplifies 
somewhat  the  requirements  of  the 
trigger  circuit.  (2)  Constant  plate 
current  can  be  obtained  when  the 
potential  at  the  screen  is  made  to 


rise  or  fall  by  the  same  amount  as 
that  at  the  cathode.  Constant  plate 
current  is  very  important  when 
linear  sweep  is  required.  In  the 
circuit  of  Fig.  7 the  potential  at 
the  screen  of  the  switch  tube  is 
made  to  follow  that  of  the  cathode 
by  the  use  of  coupling  capacitor  C*. 

Before  the  application  of  an  in- 
put trigger  pulse,  all  tubes  are  cut 
off.  This  results  in  low  plate  power 
consumption  and  permits  the  use 
of  circuit  components  of  low  power 
rating. 

When  a trigger  pulse  is  intro- 
duced to  the  grid  of  Vi,  plate  cur- 
rent flows  and  a positive  pulse  is 
introduced  at  the  grid  of  V, 
through  magnetic  coupling  in  trans- 
former Ti.  Tube  Vg  operates  as  a 
blocking  oscillator.  The  time  con- 
stant of  RiCi  determines  the  width 
of  the  pulse  produced  by  this  block- 
ing oscillator.  The  pulse  is  taken 
from  the  third  winding  of  trans- 
former T^  to  the  grid  of  the  cath- 
ode-ray tube  for  beam  gating  and 
to  the  input  terminal  of  the  delay 
cable  for  triggering  the  second 
blocking  oscillator  F,  and  F*.  Use 
of  the  delay  cable  was  found  neces- 
sary in  order  to  have  the  beam  on 
at  the  instant  when  the  sweep  volt- 
age starts.  The  time  delay  intro- 
duced by  the  cable  of  Fig.  7 is  about 
0.02  jtisec.  Components  C,  and  72, 
are  employed  as  a differentiating 
circuit. 

The  time  constant  of  C,  Rg  deter- 


FIG.  7 — Schematic  diagram  of  high-speed  sweep  circuit 
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mines  the  width  of  the  rectangular 
pulse  on  the' grid  of  Vs.  Normally, 
tetrode  is  cut  off,  the  voltage 
across  capacitor  C*  is  equal  to  about 
2,000  volts  and  the  voltage  across 
Cs  is  zero.  During  the  pulse,  the 
grid-to-cathode  potential  of  Vs  is 
driven  to  zero  or  even  slightly  posi- 
tive. Capacitor  Co  is  discharged 
by  the  plate  current  of  Vs  and  ca- 
pacitor Cs  is  charged  by  the  plate 
and  screen  currents  of  the  same 
tube. 

Since  the  screen-to-cathode  volt- 
age of  Vs  is  kept  constant  by  the 
use  of  coupling  capacitor  C*,  both 
plate  and  screen  currents  are  ex- 
pected to  be  essentially  constant 
during  the  pulse,  thus  permitting 
substantially  linear  sweep  voltages 
to  be  developed  across  Cs  and  Co. 

The  value  of  Cs  is  slightly  larger 
than  that  of  Co  because  the  current 
flowing  to  Cs  is  larger  than  that 


FIG.  8 — Upper  curve  shows  a 5 X 10'“ 
second  pulse  displayed  on  a sweep 
generated  by  the  circuit  of  Fig.  7.  Lower 
curve  is  the  same  pulse  and  its  reflec- 
tion produced  by  a 30-inch  open-cir- 
cuited stub  of  RG-58/U  cable 


flowing  out  from  C,.  After  the 
pulse,  tube  F»  is  cut  off,  capacitor 
Cs  discharges  through  Ro  and  capac- 
itor Co  charges  through  Ro.  The 
sweep  speed  can  be  changed  by 
varying  capacitors  C*  and  C«. 

Experimental  Results 

Experimental  results  show  that 
the  circuit  can  generate  a balanced 
sweep  voltage  of  about  1,500  volts 
peak  to  peak.  The  maximum  sweep 
speed  obtainable  is  over  800  inches 
per  jusec  when  the  sweep  voltage  is 


applied  to  the  horizontal  plates  of  a 
type  5XP  cathode-ray  tube  with  its 
second  anode  at  2,000  volts  and 


FIG.  9 — Schematic  diagram  of  high-fre- 
quency timing  signal  generator 


third  anode  at  14  kilovolts.  The 
speed  is  reduced  by  one-half  when 
the  second  anode  voltage  is  in- 
creased to  4,000  volts  and  the  third 
anode  is  increased  to  29  kilovolts. 
The  sweep  speed  may  be  increased 
to  1,200  inches  per  microsecond 
when  the  sweep  voltage  is  applied 
to  the  vertical  deflecting  plates  of 
the  cathode-ray  tube. 

The  amount  of  time  jitter  is  not 
more  than  the  width  of  a normal 
trace  on  the  cathode-ray  tube  and 
is  estimated  to  be  less  than  0.0001 
/isec.  Departure  from  linearity 
was  found  to  be  less  than  5 percent. 
The  starting  time  from  the  instant 
of  input  trigger  to  the  beginning  of 
the  sweep  voltage  is  estimated  to  be 
0.045  fjisec.  The  maximum  repeti- 
tion rate  is  over  100,000  per  second. 
The  total  consumption  of  plate  and 
screen  power  is  under  10  watts 
average. 

Results  of  employing  this  sweep 
circuit  to  view  a pulse  signal  of 
0.5  millimicrosecond  duration  are 
shown  in  the  curves  Fig.  8.  This 
pulse  was  generated  by  a circuit 
developed  by  the  Purdue  Research 
Foundation  for  the  United  States 
Air  Force  and  the  Signal  Corps. 
The  oscillations  at  the  trailing  edge 
of  the  upper  pulse  curve  of  Fig. 
8 were  produced  by  the  pulse  gener- 
ator itself,  since  it  employs  the 
principle  of  reflection  to  generate 
narrow  pulses.  The  lower  curve  of 
Fig.  8 shows  the  results  of  connect- 
ing a 30-inch  open-circuited  stub  of 
RG-58/U  coaxial  cable  at  the  signal 


deflecting  plates.  This  arrangement 
will  allow  an  accurate  calibration  of 
the  time  axis.  Since  RG-58/U 
coaxial  cable  has  a characteristic 
impedance  of  53  ohms  and  a capaci- 
tance per  foot  of  28  /Aju,f,  the  time 
delay  will  be  1.5  millimicroseconds 
per  foot.  Thus  the  time  between 
the  two  major  peaks  of  the  lower 
curve  of  Fig.  8 is  7.5  x 10  * sec- 
ond. The  waveform  of  the  pulse 
as  shown  may  differ  from  the  true 
waveform  because  of  transit  time 
effects  in  the  cathode-ray  tube  and 
the  frequency  characteristic  of  the 
coaxial  cable. 

In  order  to  calibrate  the  speed  of 
the  sweep,  either  a sine-wave  os- 


FIG. 10 — A keyed  400-mc  timing  signal 
with  a 2.500  prf.  generated  by  the  cir- 
cuit oi  Fig.  9 


cillator  that  oscillates  at  some 
known  frequency  or  a pulse  gener- 
ator that  produces  sharp  pulses  at 
some  known  repetition  rate  can  be 
employed  to  produce  timing  marks 
as  vertical  deflection.  For  sweep 
speeds  of  400  inches  per  fisec,  sharp 
pulses  with  rise  times  of  less  than 
0.1  millimicrosecond  would  be  re- 
quired. Such  pulses  are  difficult  to 
generate  and  to  apply  to  the  deflect- 
ing plates  or  the  control  grid  of  the 
cathode-ray  tube  because  of  the 
leakage  capacitances  and  induct- 
ances of  all  commercial  circuit  com- 
ponents involved.  On  the  other 
hand,  sine  waves  at  frequencies  of 
1,000  me  or  lower  are  comparatively 
less  difficult  to  produce  and  to  apply 
since  the  undesirable  effects  can 
generally  be  eliminated  by  the  use 
of  appropriate  resonant  circuits. 

Synchronization  of  the  timing 
signal  to  the  sweep  voltage  is 
another  important  problem  to  be 
considered.  For  reasons  described 
previously,  the  jitter  should  be  less 
than  0.25  millimicrosecond  in  order 
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to  produce  a satisfactory  trace  with 
a sweep  speed  of  400  inches  per 
jusec.  It  was  found  that  a plate- 
pulsed  oscillator  can  be  arranged 
to  satisfy  these  requirements. 

Timing  Signal  Generator 

The  schematic  diagram  of  such  a 
circuit  is  shown  in  Fig.  9.  In  this 
circuit,  the  first  blocking  oscillator 
provides  a trigger  pulse  to  the 
sweep  circuit  and  at  the  same 
time  serves  to  trigger  the  second 
blocking  oscillator  Fi.  The  output 
from  the  third  winding  of  trans- 
former Ti  provides  the  plate  cur- 
rent needed  for  oscillator  tube  V2. 
The  heater  of  F*  is  raised  above  a-c 
ground  potential  by  the  use  of  a 
choke  wound  on  the  lower  half  of 


coil  Lx.  This  is  necessary  because 
the  cathode  of  F*  is  above  a-c 
ground  potential.  Capacitor  C*  is 
employed  for  frequency  adjust- 
ment. The  coupling  between  Lx 
and  La  should  be  adjusted  experi- 
mentally until  maximum  deflection 
is  obtained  on  the  screen  of  the 
cathode-ray  tube.  Figure  10  shows 
the  trace  of  a 400-mc  sine  wave 
generated  by  this  circuit  at  a repe- 
tition rate  of  2,500  per  second  on 
the  screen  of  a type  5XP  cathode- 
ray  tube. 
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Aids  to  CRO  Display  of  Phase  Angle 

By  L.  FLEMING 


Audio-frequency  networks  are 
commonly  measured  in  terms  of 
transmission  level  versus  fre- 
quency, without  particular  refer- 
ence to  phase  angle.  The  use  of  the 
ordinary  elliptical  Lissajous  figure 
on  a cathode-ray  oscilloscope  screen 
suffers  from  the  drawback  of  poor 
precision,  and  difficultly  in  con- 
veniently determining  the  phase 
angle  in  degrees  from  measure- 
ments made  on  the  elliptical  dis- 
play. Where  the  amount  of  work  to 
be  done  justifies  the  fairly  large 
cost,  a direct-reading  phase  meter 


FIG.  1 — Half-wave  rectifier  circuit  for 
displayin?  phase  angle  between  two 
sine  waves  os  shown  in  Fig.  2 


or  a Z-angle  meter  is  ideaP’®*. 
Sulzer  has  described  an  instrument® 
for  use  in  conjunction  with  a cro 


to  give  vectorial  display  of  voltages 
in  the  form  of  radial  lines.  Wide- 
band phase  splitters*’®  are  employed 
to  derive  a circular  sweep  from  one 
signal,  and  Z-axis  modulation  of  the 
cro  is  obtained  from  both. 

These  devices  are  all  somewhat 
complex.  Where  only  occasional 
measurements  are  made,  one  may 
look  for  a simpler  instrument.  Such 
simple  devices  can  be  built  in  at 
least  two  ways,  without  using  any 
tubes.  The  principle  involves  half- 
wave clipping  of  one  or  both  sig- 
nals, or  sharpening  into  pips. 

Half-Wave  Clipping 

A simple  arrangement  of  consid- 
erable utility  is  shown  in  Fig.  1. 
The  positive  half  of  one  sine  wave 
is  clipped  off,  and  the  negative  half 
of  the  other,  by  means  of  two  iden- 
tical circuits.  One  output  is  fed  to 
the  horizontal  input  of  a cro,  and 
the  other  to  the  vertical  input.  The 
two  voltages  appear  alternately. 
The  resulting  display  is  an  L- 
shaped  figure  when  the  two  voltages 
are  in  phase,  as  shown  in  Fig.  2. 
When  the  phase  angle  is  between  0 
and  90  degrees,  the  display  takes 


FIG.  2 — Oscilloscope  voltages  and 
resulting  display  for  circuit  shown  in 
Fig.  1 


the  form  of  a shelf-bracket,  due  to 
the  difference  between  trace  and  re- 
trace paths  of  the  beam.  In  this 
range  between  0 and  90  degrees,  the 
lengths  of  the  two  legs  of  the  L 
measure  the  relative  amplitudes  of 
the  respective  input  voltages.  The 
phase  angle  is  measured  by  the 
location  of  the  intercept  of  the  fillet 
along  the  horizontal  leg  of  the  L. 
As  indicated  in  Fig.  2,  the  sine  of 
the  phase  angle  is  equal  to  the  in- 
tercept distance  OB  divided  by  the 
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length  of  the  base  line  OX. 

This  display  is  ambiguous  about 
0 degrees,  that  is,  it  will  not  dis- 
tinguish between  lead  and  lag. 
Above  90  degrees  the  legs  of  the  L 
shorten,  and  the  figure  is  not  readily 
interpreted.  Its  value  is  in  the 
measurement  of  small  angles,  less 
than  about  60  degrees,  and  its  ac- 
curacy is  greater  for  the  smaller 
angles. 

In  order  for  clipping  to  occur  ac- 
curately at  the  zero  line,  the  d-c 
resistance  on  the  source  side  of  the 
rectifiers  must  be  low  compared  to 
the  load  resistance.  Inductances 
L (Fig.  1)  are  shown  for  this  pur- 
pose. For  work  between  about  50 
and  10,000  cps  these  inductances 
may  be  ordinary  radio  replacement 
type  filter  chokes,  of  15  henrys  or 
so. 

Sharpening  Into  Pips 

Another  useful  accessory  in  indi- 
cating phase  is  a differentiating 
network  that  sharpens  one  of  the 
two  signals  into  pips.  The  pip 
breaks  at  the  positive-going  zero- 
• axis  crossing  of  the  voltage  wave  in 
the  circuit  illustrated.  Fig.  3.  This 
circuit  is  intended  to  operate  out 
of  a source  such  as  an  audio  oscil- 
lator, supplying  10  volts  or  more 
with  a source  impedance  of  a few 
hundred  ohms  or  less.  The  first 
crystal  rectifier  clips  off  the  nega- 
tive halves  of  the  wave.  Following 
the  crystal  load  resistor  are  two 
R-G  differentiators  CiR^  and  CJi^, 
each  with  a back-connected  shunt 


FIG.  3 — Tubeless  circwt  for  conyerting 
sine  waves  into  pips  for  crt  indication 
of  phase  angle  between  two  signals 


rectifier  to  permit  only  the  positive 
pips  to  appear  in  the  output.  The 
transformer  T (a  standard  500  to 


PIG.  4 — Typical  phase-angle  indication 
using  pip  method.  In  A a sow-teoth 
sween  is  lued — in  B sweep  in  sinusoidol 


500  ohm  audio  unit)  is  a convenient 
means  for  mixing  the  pips  with  the 
other  signal. 

The  pips  so  derived  are  mixed  or 
added  directly  with  the  other  signal 
and  fed  to  the  vertical  input  of  a 
cro.  The  display  consists  of  a sine 
wave  with  a pip  superimposed  on 
each  cycle  at  a location  dependent 
on  the  phase  relation  between  the 
two  voltages.  Figure  4 illustrates 
the  type  of  figure  obtained.  Since 
the  pips  start  at  the  positive-going 
zero-axis  crossing,  the  occurrence 
of  pips  at  this  point  on  the  com- 
posite wave  indicates  zero  phase 
angle.  This  type  of  display  is  un- 
ambiguous all  the  way  to  360 
degrees. 

A differentiator  of  this  sort,  un- 
fortunately, has  a large  signal  loss. 
With  a 10- volt  input,  the  height  of 
the  pips,  by  the  time  they  have  been 
made  suitably  short,  is  only  about 
50  millivolts.  Hence  the  compari- 
son voltage  should  be  adjusted  in 
level  to  around  0.5  volt  or  perhaps 
less.  The  upper  frequency  limit  of 
Fig.  3 is  about  3,000  cycles,  due  to 
the  difficulty  in  obtaining  sharp 
pips  with  such  a simple  tubeless  cir- 
cuit. The  time  constants  of  the 
differentiators  are  usable  over  a 
frequency  range  of  about  2 to  1. 
For  the  range  250  to  500  cps  the 
best  value  for  Ci  is  0.002  pi,  for 
Ca,  0.001  /if.  For  other  frequencies 
the  capacitances  should  be  varied 
accordingly. 

The  true  zero-axis  crossing  point 
is  announced  by  the  left-hand  or 
leading  edge  of  the  pip.  If  the  pip 


is  a bit  long,  the  crest  and  the  trail- 
ing edge  should  be  ignored. 

At  a gain  in  simplicity  of  opera- 
tion and  a loss  in  clarity,  the  cro 
connections  may  be  changed  to  give 
the  type  of  display  illustrated  at 
the  bottom  of  Fig.  4.  Here,  instead 
of  the  internal  sweep  of  the  cro 
being  employed,  one  of  the  sinu- 
soids is  used  to  provide  horizontal 
deflection.  The  pips  obtained  from 
the  other  signal  are  fed  to  the  ver- 
tical input.  When  the  phase  angle 
is  zero,  the  leading  edge  of  the  pip 
will  appear  at  the  middle  of  the  hor- 
izontal line.  With  lagging  or  lead- 
ing angles,  the  pip  will  move  to  the 
right  or  left.  The  loss  in  clarity 
lies  in  the  ambiguity  of  this  dis- 
play about  180  degrees. 

An  attractive  possibility  for 
phase  measurement  lies  in  the 
scheme  of  sharpening  both  signals 
into  pips,  using  one  pip  to  trigger 
the  sawtooth  sweep  of  a cro,  and 
applying  the  other  pip  to  the  verti- 
cal cro  input.  The  display  would 
consist  of  a horizontal  line  carrying 
a pip,  and  the  position  of  the  pip 
along  the  line  wouM  be  a direct 
linear  measure  of  the  phase  angle. 
The  accuracy  would  depend  entirely 
on  the  linearity  of  the  cro  sweep 
and  the  relative  shortness  of  the 
retrace  time. 
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Baseline  for  Visual  Alignment  Systems 

By  ELLIOTT  A.  HENRY 


Activity  in  the  television  field  has 
stimulated  interest  in  sweep-fre- 
quency generators  a,nd  visual  align- 
ment systems.  The  time  saving  and 
ease  of  adjustment  inherent  in  vis- 
ual systems  outweigh  the  initial 
cost  of  equipment  and  the  difficulty 
in  making  accurate  gain  measure- 
ments. Precise  gain  measurements, 
as  well  as  a more  accurate  picture 
of  the  gain-frequency  characteristic 
of  the  amplifier  or  net  work,  may  be 
obtained  if  a reference  of  zero  volt- 
age (baseline)  is  provided  on  the 
cro  screen. 

The  baseline  may  be  obtained  by 
blanking  the  return  sweep  within 
the  sweep  generator  or  by  blanking 
the  input  of  the  vertical  amplifier  of 
the  cro.  As  the  majority  of  sweep 
generators  do  not  incorporate  in- 
ternal blanking,  and  as  physical  or 
electrical  considerations  present 
c(Hi  version  problems,  the  latter 
method  is 'to  be  preferred. 

While  electrical  blanking,  ob- 
tained by  keying  one  of  the  cro 
amplifier  stages,  might  be  used,  it 
will  not  produce  satisfactory  results 
as  the  d-c  component  of  the  rectified 


FIG.  I — SimpUfied  cirodt  using  battery  to 
chorge  capocitor 


wave  will  be  lost  in  coupling  to  the 
cro  and  a d-c  component,  equal  to 
the  plate  voltage  difference  of  the 
keyed  stage,  will  be  added  and  ap- 
pear on  the  cro  screen.  Since  it  is 
necessary,  to  produce  an  accurate 


picture  of  the  gain-frequency  char- 
acteristic of  the  network  under  test, 
to  transfer  the  d-c  component  of  the 
rectified  wave  to  the  cro  screen  and 
since  this  is  readily  accomplished 
by  periodically  restoring  the  cro 
vertical  amplifier  to  its  zero  operat- 
ing condition,  mechanical  blanking 
was  chosen. 

Basic  Operation 

For  an  explanation  of  the  trans- 
fer of  the  d-c  component,  reference 
is  made  to  Fig.  1.  With  switch  2 
open,  when  switch  1 is  closed,  with 
the  battery  polarity  as  shown,  C, 
charges  through  and  Ri.  The 
direction  of  current  flow  makes  the 
grid  of  Tx  go  positive  and  the  cro 
spot  to  move  upward.  When  Ci 
becomes  fully  charged,  current 
ceases  to  flow  and  the  grid  returns 
to  its  static  value.  The  spot  returns 
to  its  former  position  and  nothing 
further  happens  as  long  as  condi- 
tions remain  unchanged. 

Now  if  switch  St  is  momentarily 
depressed,  Ci  will  be  discharged 
through  R,  while  the  battery  will  be 
protected  by  Rx.  The  direction  of 
current  flow  is  now  such  as  to  make 
the  grid  of  Tx  go  negative  and  the 
cro  spot  to  move  downward.  There- 
fore if  Si  is  made  to  operate  rapidly 
and  to  have  equal  off  and  on  time, 
the  pattern  obtained  will  be  a series 
of  square  waves,  the  magnitude  of 
which  will  be  an  absolute  propor- 
tionality to  the  battery  voltage  as 
Cl  has  had  a charge  alternating  be- 
tween zero  and  full  battery  voltage. 

By  substituting  the  load  of  the 
linear  diode  detector  for  the  battery, 
adjusting  switch  St  on-time  to  180 
degrees  of  the  modulation  cycle,  and 
providing  a means  of  phasing  the 
start  of  Si  on-time,  either  the  up  or 
down  sweep  may  be  blanked  and  the 
baseline,  equivalent  to  zero  voltage, 
obtained. 

Resistor  Rx  should  have  a value  at 
least  four  times  greater  than  the 
diode  load  resistor  to  prevent  the 


discharge  of  the  diode  capacitor 
during  switch  Si  on-time.  Switch 
Si  must  be  capable  of  very  fast  ac- 
tion and  have  very  low  contact  re- 
sistance, A relay  with  the  mercury- 


FIG.  2 — Conventioncd  drcuit  for  single  im- 
age olignment 


wetted  type  contacts  is  recom- 
mended to  provide  the  clean  base- 
line and  fast  action  required. 

Single  Image  Alignment 

A common  arrangement  for 
single  image  alignment  is  shown  in 
block  form  in  Fig.  2,  Here  the 
sweep  generator  uses  sinusoidal 
modulation  and  a sinusoidal  time 
base  is  used  to  produce  a linear  fre- 
quency-time pattern.  With  the 
modulation  and  time  base  voltages 
in  phase,  a single  image  will  be 
seen,  assuming  no  distortion,  with 
the  up  and  down  sweeps  coinciding 
at  all  points.  With  this  arrange- 
ment only  the  a-c  component  of  the 
rectified  wave  is  viewed  and  no 
knowledge  of  the  actual  instantan- 
eous voltage  is  obtained. 

The  practice  of  using  a sweep- 
width  very  wide  in  comparison  to 
the  pass-band  of  the  network  under 
test  to  obtain  two  points  of  assumed 
zero  voltage  (F,„.x  and  F„,„),  may 
lead  to  a false  picture  of  the  gain- 
frequency  trace.  A more  accurate 
picture  of  the  steady-state  char- 
acteristic of  the  network  under  test 
is  obtained  by  using  a narrow 
sweep-width  and  the  baseline  for 
accurate  gain  measurements. 
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Figure  3 shows  the  blanking  unit 
in  block  form  connected  to  the  com- 
mon arrangement  of  Fig.  2.  The 


FIG.  3 — ^Addition  of  the  Bcneliner  proyidee 
zero  reference  trace 


phase-shift  network  in  the  Base- 
liner  is  adjusted  to  make  the  switch 
ON  time  start  with  either  F™,*  or 
Fmi„.  The  switch  time  control  is 
used  to  adjust  the  switch  ON  time 
to  exactly  180  degrees. 

With  single-image  alignment, 
the  procedure  is  the  same  as  where 
no  blanking  is  used.  With  double- 
image alignment,  the  blanking  is 
not  used  until  alignment  is  com- 
plete. After  alignment  is  complete 
the  blanking  is  used  and  one  image 
disappears,  being  replaced  by  the 
baseline.  Absolute  gain  measure- 
ments may  then  be  made. 

External  input  connections  allow 


the  use  of  any  switch  rate  from  one 
to  sixty  cycles.  As  the  switch  con- 
tacts are  single-pole  double-throw, 
the  unit  may  also  be  used  as  a high 
speed  mechanical  switch  (up  to  60 
cps)  to  replace  an  electronic  switch. 
It  is  most  advantageous  where  one 
or  more  of  the  signals  to  be 
switched  has  a d-c  component  that 
it  is  desired  to  preserve. 
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Fast  Sweep  Circuit 

Designed  for  study  of  extremely  short-duration  phenomena,  the  oscilloscope  described 
has  a maximum  sweep  speed  of  100  inches  per  microsecond,  obtained  from  a simple 
thyratron  circuit.  Three  methods  of  calibration  are  employed 

By  N.  L.  DAVIS  AND  R.  E.  WHITE 


IN  ATOMIC  STUDIES,  the  scintilla- 
tion counter  has  assumed  great 
importance.  With  these  counters  it 
is  now  possible  to  detect  the  inci- 
dence of  single  alpha  or  beta  par- 
ticles or  single-gamma  quanta  upon 
certain  types  of  crystals.  When 
particles  strike  the  crystal,  minute 
fluorescent  light  flashes  are  pro- 
duced. 

The  use  of  a multiplier  phototube 
makes  it  possible  to  convert  these 
tiny  flashes  to  voltage  pulse  wave- 
forms, a much  more  convenient 
form  for  recording  and  studying. 
The  voltage  waveforms  produced 
are,  however,  of  extremely  short 
duration  and  the  problem  of  dis- 
playing them  in  sufflcient  detail  to 
allow  accurate  study  and  counting 
presents  a considerable  problem  in 
design  of  high-speed  oscilloscopes. 
In  the  field  of  digital  computers 
there  is  an  increasing  requirement 
for  high-speed  operation.  Such  op- 
eration demands  the  use  of  short- 
duration  pulses.  For  the  observa- 
tion of  such  pulse  voltages,  a fast- 


sweep  oscilloscope  is  required. 

For  use  in  the  type  of  problem^ 
mentioned  an  oscilloscope  with  the 


FIG.  1 — Stable  delayed  sweep  is  pro- 
vided by  modiiied  zoster  scon 


following  characteristics  has  been 
developed:  The  frequency  response 
is  uniform  to  265  megacycles.  It  is 
possible  to  observe  either  single 
traces  or  recurrent  traces  to  a repe- 
tition rate  of  5,000  cycles.  The  unit 
has  a maximum  sweep  speed  of  100 
inches  per  microsecond  (0.01  /xsec 
per  inch)  with  several  sweep 


ranges  reaching  a maximum  sweep 
length  of  25  microseconds.  A low- 
impedance  keying  pulse  is  provided 
for  keying  external  circuits  under 
examination.  A variable  delay  be- 
tween the  external  keying  pulse 
and  the  oscilloscope  is  available 
which  may  be  varied  from  0 to 
greater  than  "S  /xsec. 

Requirements 

The  first  three  specifications 
place  severe  requirements  on  the 
cathode-ray  tube  and  its  circuitry. 
The  tube  must  be  capable  of  pro- 
ducing traces  of  very  high  brilli- 
ance, and  the  transit  time  of  the 
electron  beam  through  the  deflec- 
tion plates  must  be  sufficiently  low 
to  permit  the  required  frequency 
response.  The  performance  of  the 
cathode-ray  tube  on  both  of  these 
factors  is  improved  by  the  use  of 
very  high  accelerating  potentials. 

Two  DuMont  crt  types  are  de- 
signed for  high-speed  oscilloscope 
applications.  A few  of  the  perti- 
nent characteristics  of  these  two 
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tube  types  are  compared  in  the  ac- 
companying box.  For  the  oscillo- 
scope to  be  described,  the  5RP-A 
satisfies  the  required  brilliance  and 
frequency  limits  and  was  used  be- 
cause of  its  immediate  availability. 

Sweep  Circuitry 

With  an  accelerating  potential  of 
20,000  volts  on  the  5RP-A  tube,  a 
deflection  sensitivity  of  approxi- 
mately 0.005  inch  per  volt  may  be 
expected.  For  flve  inches  deflection 
approximately  1,000  volts  of  sweep 
voltage  is  required.  If  the  fastest 
sweep  (100  inches  per  /xsec)  is  con- 
sidered, a voltage  slope  of  20,000 
volts  per  /isec  must  be  developed 
for  a sweep  wave  form. 

Two  general  methods  of  generat- 
ing suitable  sweep  voltages  were 
investigated:  modified  raster  scan 
using  vacuum  tubes,  and  sweeps 
generated  by  hydrogen  thyratrons. 

The  modified  raster  scan  pro- 
duces the  presentation  shown  in 
Fig.  1.  To  develop  this  scan,  a 
two-megacycle  oscillator  is  keyed 
to  provide  either  sine-wave  sweeps 
or  a series  of  linear  sawtooth 
sweeps.  The  cathode-ray  tube  is 
then  unblanked  during  the  interval 
under  investigation.  Coinciding 
with  the  unblanking  pulse,  a small 
expansion  sweep  voltage  is  applied 
to  the  vertical  deflection  system  so 
that  several  consecutive  sweeps  be- 
come distinguishable.  This  corre- 
sponds to  a raster  type  of  scan  in 
that  several  sweeps  may  be  made 
available  at  a given  time. 

One  advantage  of  this  type  of 
sweep  is  that  it  provides  stable  de- 
layed sweeps  with  no  stable  delay- 
pulse  generation  required.  The 
time  jitter  of  any  sweep  depends 
only  upon  the  variation  in  the  am- 
plitude and  frequency  of  the  two- 
mc  basic  oscillator. 

The  jitter  in  the  delay  of  the 
unblanking  pulse  used  in  this  sys- 
tem does  not  result  in  time  jitter 
in  the  trace  itself,  but  is  seen  as 
fluctuations  in  the  end  of  the  inter- 
val being  examined.  This  method 
works  quite  satisfactorily  for 
sweeps  longer  than  0.5  fisec.  Above 
this  speed,  the  generation  of  steep 


voltage  slopes  demands  higher  cur- 
rents than  can  be  conveniently  ob- 
tained from  vacuum  tubes. 

The  rate  of  rise  in  volts  per  sec- 
ond of  voltage  across  a capacitor  is 


equal  to  the  current  divided  by  the 
capacitance. 

i /amperesN  _ dF  / volts  \ 

c \ farads  / dT  \seconds/ 

If  the  sweeps  are  developed  over 
the  lowest  possible  capacitance  con- 
sisting of  the  output  capacitance  of 
the  sweep  generator  tube  in  paral- 
lel with  wiring  and  cathode-ray 
tube  capacitances,  the  current 
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FIG.  3 — Two-output  delay  line  for  initi- 
ating action  observed  and  later,  the 
scope  sweep 


which  must  be  handled  becomes  ob- 
jectionably high  to  be  handled  by  a 
vacuum  tube.  For  example,  given  a 
minimum  capacitance  of  30  fifii  and 
a rate  of  rise  of  20,000  volts  per 
jusec,  the  current  becomes  0.6  am- 
pere. 

In  addition,  the  amount  of  cross 
coupling  from  one  deflection  plate 
to  the  next  right-angle  plate  in- 
creases as  the  capacitance  from 
plate  to  ground  is  lowered.  This  is 


due  to  the  capacitance  divider 
formed  by  the  capacitance  to 
ground  and  the  plate-to-plate  ca- 
pacitance of  the  cathode-ray  tube. 
If  the  capacitance  from  the  deflec- 


tion plate  to  ground  is  deliberately 
made  as  high  as  100  fiixf  to  mini- 
mize cross-coupling  effects,  the  cur- 
rent is  increased  to  two  amperes. 
This  magnitude  of  current  leads  to 
the  selection  of  a gas-filled  tube 
such  as  the  thyratron  as  a sweep 
generation  source. 

Several  variations  of  the  basic 
circuit  for  the  development  of 
sweeps  through  the  use  of  a hydro- 
gen thyratron  are  possible.  Figure 
2A  shows  one  form  such  a circuit 
may  take.  The  tube  may  be  a 
2D21,  2050,  3C45,  4C35  or  others. 

This  circuit  operates  as  follows: 
with  the  thyratron  in  an  unfired 
condition,  the  pulse-forming  net- 
work is  charged  to  voltage  E 


FIG.  4 — Jitter  is  avoided  by  taking  two 
outputs  from  cathode  of  thyratron 


through  resistance  Rc.  When  the 
trigger  pulse  is  impressed  upon  the 
grid  of  the  thyratron,  the  tube  con- 
ducts and  the  voltage  at  the  plate 
of  the  gas  tube  falls  very  rapidly 


FIG.  2 — ^Balanced  ond  unbalonced  sweep  circuits  for  hydrogen  thyratrons 
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to  a voltage  20  to  50  volts  above 
ground  depending  upon  the  tube 
used. 

The  charged  line  then  discharges 
through  the  series  circuit  of  and 
the  thyratron.  This  produces  a neg- 
ative square  pulse  across  Zo  of 


CRT  Characteristics 


Direct  interelectrode 
capacitances 

K1030 

5RP-A 

Deflection  plate  Di 
to  A 

0.52 

1.8 

Deflection  plate  A 
to  A 

Maximum  ratings 

0.39 

1.5 

Anode  2 to  final  in- 
tensifier 

30,000  V 22,000  V 

Typical  deflection 

128 

140±20 

factor 

percent 

amplitude  E/2  and  length  equal  to 
twice  the  delay  of  the  line,  provid- 
ing an  unblanking  pulse.  The  sharp 
drop  at  the  plate  is  integrated  by 
the  RLC  circuit  to  provide  a sub- 
stantially linear  sweep  voltage  ap- 
proximately equal  to  the  supply 
voltage. 

Associated  with  single-ended 
sweeps  on  electrostatic  cathode-ray 
tubes  there  is  an  effect  known  as 
deflection  defocusing  which  ap- 
pears as  progressive  defocusing 
from  start  to  end  of  the  sweep.  To 
correct  this  situation,  two  methods 
of  producing  balanced  sweeps  have 
been  investigated.  One  method  is 
illustrated  by  the  circuit  shown  in 
Fig.  2B.  The  circuit  is  similar  in 
operation  to  that  previously  de- 
scribed. When  the  thyratron  is 
triggered,  the  cathode  of  the  gas 
tube  rises  rapidly  to  a voltage  V /2. 
In  this  way,  Cz  charges  to  V /2 
through  Ls  and  to  provide  a posi- 
tive linear  sweep  approximately 
equal  to  F/2.  Capacitor  C dis- 
charges from  V to  y/2  to  provide 
a negative  sweep  approximately 
equal  to  V /2.  A positive  square 
pulse  of  amplitude  V/2  is  developed 
across  so  that  an  unblanking 
pulse  may  be  obtained  from  the 
circuit. 

Another  method  of  obtaining 
balanced  sweeps  employs  a trans- 
former. In  this  circuit.  Fig.  2C, 


the  cathode  of  the  gas  tube  is 
grounded,  eliminating  the  necessity 
of  filament  chokes  and  the  pulse 
transformer  for  keying  purposes. 
Here  the  unblanking  pulse  is  ob- 
tained across  and  the  sharp  volt- 
age step  at  the  plate  is  capacitively 
coupled  to  the  phase-inverting 
transformer.  The  voltage  step  is 
integrated  from  the  secondary  of 
the  transformer  to  develop  bal- 
anced sweeps.  The  linearity  of 
these  sweeps  depends  upon  the  fre- 
quency response  of  the  transformer. 

With  the  5RP-A  tube,  deflection 
defocusing  is  not  very  serious  and 
because  of  the  possible  simplifica- 
tion of  circuitry,  the  single-ended 
sweep  circuit  shown  in  Fig.  2D  is 
now  used  in  this  oscilloscope.  The 
sharp  voltage  drop  at  the  plate  of 
the  gas  tube  is  integrated  by  LiRjCi 
to  provide  the  sweep  output. 

The  sharp  voltage  drop  is  also 
coupled  by  Ct,  a very  small  capaci- 
tor, to  one  of  several  tuned  circuits 
in  the  grid  circuit  of  the  cathode- 
ray  tube  where  a damped  train  of 
oscillations  suitable  for  intensity 
markers  is  generated.  The  Li,  Ra 
and  Ca  components  produce  a nega- 
tive voltage  pulse  from  which  an 
unblanking  pulse  of  sweep  duration 
is  formed. 

Delay 

When  using  an  oscilloscope  hav- 
ing high  sweep  speeds,  the  diffi- 
culty of  maintaining  the  sweep  in 
coincidence  with  the  signal  is  con- 
siderable. To  obtain  a good  presen- 
tation, the  jitter  should  be  kept  less 
than  one  line  width.  This  naturally 
applies  to  recurrent  phenomena 
only  since  jitter  from  one  sweep  to 
the  next  is  not  recorded  if  individ- 
ual sweeps  are  being  photographed. 
Consider  the  case  of  the  fastest 
sweep  described,  namely,  0.01  jusec 
per  inch.  Allowing  for  a spot  size 
of  0.05  inch,  this  demands  a jitter 
less  than  500  fifisec  for  recurrent 
sweeps. 

To  obtain  coincidence  of  sweep 
and  signal,  means  must  be  provided 
to  delay  the  sweep  over  the  interval 
being  examined.  In  the  past,  some 
variation  of  the  circuit  shown  in 
Fig.  3 has  been  used.  In  this  cir- 


cuit a pulse  is  developed  and  fed 
into  a delay  line.  This  pulse  trav- 
eling along  the  delay  line  is  picked 
off  at  two  points.  A pulse  with  one 
delay  is  used  to  initiate  the  action 
to  be  observed,  and  a pulse  at  a 
second  delay  is  used  to  initiate  the 
oscilloscope  sweep.  These  delays 
are  so  chosen  that  the  transient  to 
be  observed  occurs  in  the  desired 
portion  of  the  oscilloscope  sweep. 

An  investigation  of  the  keying 
characteristic  of  thyratrons  has 
shown  that  with  a d-c  heater  sup- 
ply, a keying  pulse  supplied  from  a 
low-impedance  source  can  provide 
stable  keying  of  a thyratron  on  a 
comparatively  slow  voltage  slope. 
By  decreasing  the  amplitude  of  this 
low-impedance  pulse,  the  delay  in 
firing  the  thyratron  is  increased. 

Figure  4 shows  a suitable  source 
of  low-impedance  keying  pulses.  In 
this  circuit  two  low-impedance 
pulses  are  obtained  simultaneously 
from  the  same  thyratron,  thus  as- 
suring that  no  jitter  exists  between 
them.  One  pulse  is  used  to  trigger 
the  thyratron  sweep  tube  while  the 
other  is  used  to  trigger  the  thyra- 
tron to  be  observed. 

The  values  of  L and  C can  be 
switched  to  furnish  a rough  adjust- 
ment of  the  delay  in  firing.  For 
fine  adjustment  the  amplitude  of 
the  keying  pulse  is  changed  by  va- 
rying R.  By  means  of  suitable  ad- 
justment, the  sweep  tube  and  the 
tube  under  observation  can  be 
keyed  simultaneously. 

With  this  general  type  of  circuit 
negligible  jitter  delays  to  10  /tsec 
have  been  obtained.  To  do  this  the 
values  of  L and  C are  such  as  to 
produce  an  approximate  half  sine- 
wave  pulse  of  length  equal  to  20 
/isec.  By  suitable  compensation 
within  the  gas-tube  circuit  as  well 
as  changes  in  the  design  of  the 
thyratron  the  stable  delay  interval 
may  be  increased. 

Calibration 

The  high-speed  sweeps  described 
were  calibrated  by  several  methods 
to  find  one  accurate  method  suit- 
able for  both  visual  and  photo- 
graphic use. 

Perhaps  the  most  accurate 
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method  tried  consists  of  using  a 
crystal-controlled  transmitter  as  a 
timing-wave  source.  The  timing 
wave  is  applied  to  the  vertical  de- 
flection plates  and  single-trace 
photographs  taken.  It  has  the  dis- 
advantage of  not  being  synchro- 
nized with  the  sweeps  and  cannot 
be  used  to  measure  time  directly 
when  viewing  recurrent  phenomena. 

A third  method  consists  oi  ring- 
ing an  inductance  to  produce  a 
train  of  damped  oscillations.  This 
method  is  easiest  to  apply  since  a 
thyratron  having  high-current  ca- 
pabilities can  be  used  for  generat- 
ing the  oscillation.  With  the  3C45 
the  physical  size  of  the  tube  ap- 
pears to  limit  the  frequency  of  os- 
cillations to  about  60  me. 


The  oscilloscope  is  housed  in  a 
four-foot  cabinet  with  component 
parts  placed  in  three  levels.  The 
ert  gun  and  deflection  section  are 
enclosed  in  a mu-metal  shield  to 
prevent  magnetic  fields  from  influ- 
encing the  beam.  The  front  of  the 
tube  is  maintained  at  the  final  in- 
tensifier  voltage  by  means  of  a cop- 
per band  encircling  the  tube.  To 
prevent  corona  and  provide  physi- 
cal support  for  the  tube,  a Lucite 
collar  is  fastened  to  the  front  panel 
and  supports  the  front  of  the  cath- 
ode-ray tube.  A sheet  of  i-inch 
Lucite  protects  the  observer  from 
the  high  voltage.  The  high-voltage 
bleeder  for  obtaining  the  proper 
voltages  for  the  intensifier  ele- 
ments consists  of  half-watt  1.8- 


megohm  resistors  wound  in  a spiral 
groove  cut  into  a polystyrene  rod 
to  minimize  corona  effects.  The  to- 
tal resistance  is  100  megohms  so 
that  a 200-microampere  meter  may 
be  used  with  the  bleeder  to  read  '20 
kilovolts  at  full  scale. 

The  limits  on  bandwidth  and 
sweep  speeds  encountered  in  this 
oscilloscope  are  not  a function  of 
the  circuitry.  The  frequency  limi- 
tation is  imposed  by  the  cathode- 
ray  tube  and  may  be  extended  by  a 
factor  of  four  with  use  of  the 
K1030  type  tube.  The  available 
writing  rate  then  becomes  much 
greater  and  the  circuitry  may  be 
extended  to  provide  sweeps  of  much 
higher  writing  rates. 


Linear  Sweep  Generation 


The  constant-current  triode  cir- 
cuit can  be  made  the  basis  of  two 
linear  sweep  generators,  one  to  gen- 
erate a negative-going  sweep  and 
the  other  to  generate  a positive- 
going sweep.  These  circuits  are  ac- 
curate, reliable,  easy  to  design  and 
very  economical. 

Mathematical  analysis  indicates 
the  desirability  of  using  a high-/* 
tube.  It  is  also  desirable  to  use  a 
tube  with  a short  grid  base,  to 
minimize  the  effect  of  tube  change 
on  the  exact  cathode  voltage  and 
hence  on  plate  current.  The  6SL7 
meets  both  these  requirements  very 
well. 

Negative-Going  Sweeps 

If  the  constant  current  is  made 
to  pass  through  a capacitance  C, 
as  in  Fig.  1,  a negative-going 
linear  sweep  is  formed  at  the  plate ; 
as  long  as  the  switch  is  closed  the 
plate  will  be  at  E^i,  volts  and  t,  will 
flow  through  the  switch.  When  the 
switch  is  opened  i,  must  flow 
through  C.  The  rate  of  change  of 
voltage  at  the  plate  is  —i,lC  = 
—Ecc/RC  volts  per  second.  For  the 
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FIG.  1 — Basic  negative-going  linear 
sweep  generator 


values  of  Fig.  1 the  sweep  thus 
falls  at  the  rate  of  1 volt  per  micro- 
second. By  proper  choice  of  these 
values  sweep  speeds  much  faster  or 
much  slower  than  this  can  be  ob- 
tained. The  sweep  will  continue 
until  it  has  dropped  to  about  50 
volts,  or  until  the  switch  is  closed 
again.  At  the  end  it  will  be  falling 
about  2 percent  slower  than  at  the 
start. 

Electronic  Switch 

For  most  applications  the  chief 
difficulty  of  this  circuit  is  the 
switch.  If  the  sweep  is  to  run  con- 
tinuously the  simple  arrangement 


of  Fig.  2 may  be  used.  Here  V^, 
which  acts  as  the  switch,  is  turned 
on  very  hard  momentarily  by  the 
incoming  pulses  and  each  time 
rapidly  raises  the  output  voltage 
to  300  volts.  Since  under  such  cir- 
cumstances a section  of  a 6SN7  can 
conduct  100  ma  or  more,  the  dura- 
tion of  the  pulses  need  be  only 
ip/100  (ip  in  ma)  of  the  duration 
of  the  sweep.  For  ip  ~ 1 ma  a duty 


FIG.  2 — ^Practical  conUnuously-runxdng 
negative-going  linear  sweep  generator, 
using  pulse  input  to  actuote  electronic 
switch 

cycle  of  99  percent  is  easy  to  obtain. 

During  the  sweep  run-down, 
Va  is  cut  off  by  grid-current  bias 
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accumulated  across  the  grid  RC 
network.  'Transformer  T can  be 
any  pulse  transformer.  Usually 
there  will  be  a blocking  oscillator 
elsewhere  in  the  circuit,  in  which 
case  F,  can  simply  be  driven  from 
the  third  winding  on  the  blocking 
oscillator  pulse  transformer. 

Positive  Going  Sweep 

To  obtain  a positive-going  sweep 
one  must  put  C in  the  cathode  cir- 
cuit of  the  constant-current  triode 
as  in  Fig.  3.  This,  however,  causes 
the  sweep  to  appear  on  the  cathode; 
to  keep  the  current  constant,  the 
sweep  must  be  placed  on  the  grid 
also.  This  is  accomplished  by  C'. 
No  current  can  be  allowed  to  pass 
through  C',  however,  for  any  such 
current  would  alter  the  current 
through  C itself.  For  this  reason 
the  grid  is  returned  to  ground  not 
by  a resistor  but  by  diode  Fs,  which 
is  cut  off  all  during  the  sweep. 

As  long  as  the  switch  is  closed 
current  i,  flows  through  it.  When 
it  is  opened  the  current  is  diverted 
into  C and  the  sweep  rises  at  a rate 
of  ip/C  = Ecc/RC  volts  per  second. 
The  sweep  will  continue  until  the 
cathode  of  F,  has  risen  to  within 
about  50  volts  of  or  until  elec- 
tronic switch  Fa  is  closed  again  by 
an  input  pulse. 


With  the  values  indicated,  the 
positive-going  circuit  is  suitable 
for  generating  a 250-volt  linear 
sweep  with  a slope  of  1 volt  per 
microsecond.  If  the  sweep  is  to  run 
continuously  the  grid  of  switch 
tube  Fa  should  simply  be  supplied 
with  short  positive  pulses.  If 
single  sweeps  are  required  a nega- 
tive gate  of  the  desired  duration 
must  be  supplied. 

Comparison  with  Other  Circuits 

The  positive-going  circuit  con- 
trasts favorably  with  the  ordinary 
bootstrap  linear  sweep  generator. 
However,  in  the  bootstrap  circuit 
the  charging  current  for  C must 
flow  through  C"  and  both  must  be 
recharged  after  each  cycle.  Higher 
duty  cycles  are  therefore  easily  ob- 
tained with  the  positive-going  cir- 
cuit. For  the  same  reasons  C'  in 
the  bootstrap  version  must  be 
larger  than  C by  a factor  of  10  or 
more,  whereas  in  the  circuit  of  Fig. 
3 it  can  be  as  small  as  0.001  pf. 

The  two  linear  sweep  generators 
described  may  properly  be  termed 
precision  circuits.  They  are  suit- 
able for  such  applications  as  linear 
time-modulation,  the  measurement 
of  short  time-intervals  as  in  radar 
ranging,  and  the  generation  of 
linear  functions  in  electronic  com- 


FIG.  3 — Practical  positive-going  linear 
sweep  with  switch  tube 


puters.  Their  accuracy  is  inter- 
mediate to  those  of  the  two  prin- 
cipal methods  now  employed,  the 
bootstrap  and  the  Miller  feedback 
circuits,  being  slightly  better  than 
the  former  and  slightly  poorer_than 
the  latter. 

It  is  a characteristic  of  both  these 
circuits  that  their  output  impedance 
is  almost  purely  capacitive.  Conse- 
quently the  circuit  which  they  are 
intended  to  drive  may  present  an 
input  admittance  which  is  capaci- 
tive with  no  harmful  effects  other 
than  a decrease  in  the  slope  of  the 
sweep,  but  may  not  present  a resist- 
ance without  some  differentiation  of 
the  sweep  occurring.  In  this  re- 
spect these  generators  resemble  the 
bootstrap  circuit  but  are  inferior 
to  the  Miller  feedback  circuit,  which 
has  a low  output  impedance  and  can 
drive  any  type  of  load. 


Inexpensive  Picture  Generator 


With  interlacing,  effective  resolution  of  better  than  450  lines  in  both  directions  is 
achieved  with  a conventional  picture  tube  as  the  light  source  of  a flying-spot  system. 
Circuit  details  and  discussion  of  alternative  arrangements  are  included 


The  picture  generator  to  be 
described  achieves  economy  by 
using  the  basic  circuits  of  a tele- 
vision receiver  and  employing  the 
flying-spot  scanner  principle. 

The  synchronizing  signals  for 
initiating  the  flying-spot  sweeps  are 
derived  from  any  standard  RMA 
generator  source.  These  signals 
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can  be  readily  obtained  by  abstract- 
ing the  composite  synchronizing 
pulses  from  a broadcast  television 
signal  as  received  from  any  tele- 
vision station. 

The  generator  will  also  operate 
on  a 262-line  noninterlaced  basis  or 
with  a simple  interlacer  circuit 
should  a standard  RMA  signal  not 


be  available.  The  effective  resolu- 
tion of  the  generator  is  better  than 
450  lines  in  both  vertical  and  hori- 
zontal directions  if  interlacing  is 
used. 

The  description  to  follow  applies 
equally  well  to  the  unit  which  can 
be  built  or  for  modiflcation  of  an 
existing  standard  tv  broadcast  set. 
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A block  diagram  of  the  picture  gen- 
erating system  is  shown  in  Fig.  1. 
The  first  unit  contains  the  sweep, 
high-voltage  and  blanking  circuits 
which  are  necessary  to  provide  a 
raster  for  the  cathode-ray  tube  used 
at  the  light  source  for  the  flying 
spot. 

Light  from  the  raster  is  sent 
from  the  crt  face  through  the  pic- 
ture, which  is  a transparency,  and 
is  then  picked  up  by  a multiplier 
phototube.  The  signal  is  then  am- 
plified in  a video  amplifier  whose 
frequency  response  is  corrected  for 
the  phosphor  decay  characteristics 
of  the  flying-spot  cathode-ray  tube. 
The  signal  is  then  passed  through  a 
video  phase  splitter  which  allows 
either  positive  or  negative  trans- 
parencies to  be  used.  Following  the 
phase  splitter  is  a mixer  stage, 
which  adds  blanking  pulses  to  the 
video  and  then  feeds  a clipping 
stage.  These  circuits  are  shown  in 
Fig.  2. 

The  output  of  the  clipping  stage 
is  a composite  video  picture  suit- 
able in  every  respect  for  either 
modulating  a signal  generator  or 
feeding  the  video  section  of  another 
television  set,  providing  synchro- 
nizing is  available.  Careful  adjust- 
ment of  the  receiver’s  hold  controls 
will  sometimes  allow  the  blanking 
impulses  to  be  used  for  sync.  How- 
ever, separated  RMA  sync  pulses 
derived  from  the  receiver  may  be 
added  to  the  blanking  to  give  an 
RMA  composite  sync  video  signal. 

Sweep  Chassis 

The  blanking  is  derived  from  the 
television  receiver  or  the  sweep 
chassis  of  Fig.  3.  This  chassis  is 
conventional  in  most  respects  except 
for  the  interlace  generator.  Greater 
care  than  is  normal  for  a television 
set  is  taken  to  preserve  the  linearity 
of  the  horizontal  and  vertical  saw- 
tooth currents  generated.  For 
those  not  wishing  to  use  the  exact 
complement  of  tubes  shown,  equiva- 
lent tube  types  may  be  readily  sub- 
stituted; for  example,  in  place  of 
the  12AU7,  6SN7  tubes  may  be 
used.  A 6W4  may  be  used  in  place 
of  the  5V4  damper  tube. 


For  even  greater  linearity  in  the 
horizontal  sweep,  a bootstrap  6AS7 
in  the  circuit  of  Fig.  4 can  be  used. 
For  the  6BG6  tube  a single  6CD6 
or  807  tube  may  be  substituted. 
For  the  6SN7  vertical  deflection 
amplifier  a 6V6,  6K6,  6F6  and  sim- 
ilar types  may  be  used.  Instead  of 
the  blocking-oscillator  circuit  for 


the  sawtooth  generators,  multi- 
vibrators or  gas  tubes  will  operate 
equally  well.  The  RCA  synchro- 
Ipck  horizontal  oscillator  and  afc 
circuit  would  also  provide  signifi- 
cant improvement  in  performance. 

The  higher-than-normal  voltage 
for  the  second  anode  is  obtained  by 
wrapping  an  additional  filament 
winding  (made  from  RG  59/U  or 
RG  62/U  cable  without  the  shield) 
around  the  coil  of  the  horizontal 
output  transformer  to  supply  the 
pulse-doubler  rectifier  tube.  The 
horizontal  output  transformer  is  a 
standard  RCA  type  211T1  or  equiv- 
alent. 

The  second-anode  voltage  to  the 
crt  is  made  as  high  as  is  consistent 
with  the  ability  of  the  tube  to  with- 
stand the  voltage  and  with  the  avail- 
able power  in  the  sweep  circuits  to 
produce  a raster  of  adequate  size. 
The  higher  the  voltage  the  smaller 
the  raster  spot  size,  the  better  the 
resolution,  and  the  better  the  sig- 
nal-to-noise  ratio  of  the  final  de- 
rived video  signal.  A voltage  of 
18,000  to  20,000  volts  has  been  used 
with  the  10FP4  tube.  Any  of  the 
tubes  having  the  special  P15  phos- 
phor vidll  give  even  better  resolution. 


Practically  any  cathode-ray  tube 
will  produce  pictures  when  used  for 
flying-spot  scanner  service.  How- 
ever, certain  phosphors  are  very 
difficult  to  compensate  for  electric- 
ally. The  green  PI  phosphor  is  an 
example  of  such  a type.  The  P2, 
P4,  P7,  Pll  and  P15  phosphors  are 
all  quite  suitable. 


Surplus  P7  radar  tubes  make  fine 
inexpensive  flying-spot  scanners ; 
however,  those  types  of  P7  phos- 
phors which  have  a heavy  deposit  of 
the  long-peristence  material  cause  a 
shadow  or  grain  in  the  picture.  The 
trace  of  the  blue  phosphor  is  the 
most  useful  one  in  the  P7  screen. 
Most  of  the  7FP7  and  12DP7 
tubes  did  not  show  too  annoying 
grain  structure.  The  P4  phosphor 
tubes  could  be  adequately  compen- 
sated to  give  pictures  having  better 
than  450-line  resolution.  The'5WP15 
tube  provides  beautiful  700-line 
definition  when  the  video  amplifier 
bandwidths  are  extended  to  over  10 
megacycles.  The  P15  phosphors 
also  produce  a very  good  picture- 
signal-to-noise  ratio.  Because  of 
the  extra-high  voltage  associated 
with  the  flying-spot  tube  it  has  been 
found  that  magnetic  deflection  tubes 
lend  themselves  most  suitably  in 
this  application.  Signal  to  noise 
for  P4  screens  is  better  than  36  db. 

Blanking  Circuit 

The  blanking  is  derived  by  dif- 
ferentiating the  vertical  and  hori- 
zontal sawtooth  current  sweeps.  A 
1N34  rectifier  is  used  across  one  of 


FIG.  1 — Stages  of  the  picture-generating  system.  The  video  output  can  feed  the 
video  stage  of  a conventional  receiver  or  modulate  an  r-f  signal  generator 
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the  isolating  resistors  to  improve 
the  rise  tiftie  of  the  horizontal 
blanking  pulse.  No  attempt  is  made 
to  limit  the  blanking  pulses  fed  to 
the  grid  of  the  flying-spot-scanner 
eathode-ray  tube,  as  they  are  nega- 
tive and  any  amplitude  greater  than 
beam  cutoff  does  not  affect  the  oper- 
ation of  the  system.  The  voltage 


pulses  present  at  the  secondary  of 
the  horizontal  output  transformer 
are  already  of  the  proper  shape  and 
polarity  for  blanking. 

Blanking  voltages  may  also  be  ob- 
tained from  other  portions  of  the 
circuit  than  are  indicated  in  Fig.  2. 
The  integrated  vertical  pulse 
present  at  the  input  to  the  vertical 


sawtooth  generator  may  be  used, 
or  in  those  receivers  of  the  .RCA 
type  630,  the  vertical  pulse  boost  in 
the  plate  circuit  of  the  second  sync 
amplifier  may  be  used  while  the 
horizontal  sync  pulses  may  be  used 
for  blanking.  The  blanking  con- 
nection to  the  crt  grid  is  shown  in 
Fig.  5,  which  also  shows  how 


FIG.  2 — ^Phototube  and  video  amplifier  circuits.  Phase-splitter  tube  616  permits  either  a positive  or  a negative  transparency  to  be  trans- 
mitted. Plate  decoupling  resistors  of  stages  after  the  first  can  be  50.000  ohms 


FIG.  3 — Sweep  chassis  contains  deflection  circuits,  interlace  generator  and  voltage  doubler  for  16-kv  output 
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35-mm  transparencies  may  be 
transmitted. 

For  initial  adjustment,  a video 
signal  from  a television  receiver 
tuned  to  a station  is  fed  into  the 
grid  of  the  picture  tube  instead  of 
the  mixed  blanking  pulses.  The 
sync  accompanying  the  picture  is 


FIG.  4 — ^All  Toriable  controls  in  this 
bootstrap  circuit  adjust  horixontal 
linearity 


fed  into  the  external  sync  input. 
The  hold  controls  are  adjusted  until 
the  picture  is  steady.  The  follow- 
ing adjustments  should  preferably 
be  made  using  a test  pattern  trans- 
mitted by  a station. 

The  horizontal  and  vertical  size 
controls  are  set  to  give  the  proper 
aspect  ratio  of  three  units  high  to 
four  units  wide^-  The  horizontal 
linearity  resistor  across  the  damper 
tube  and  the  damper  output  circuit 
affects  the  left-hand  side  of  the 
picture. 

The  horizontal  size  control  in  the 
screen  grid  circuit  of  the  horizontal 
deflection  amplifier  affects  the 
right-hand  side  of  the  picture,  as  do 
also  the  peaking  and  horizontal 
size  controls  in  the  plate  circuit 
(pin  6)  of  the  horizontal  blocking 
oscillator  and  sawtooth  generator. 

The  vertical  size  control  in  the 
plate  circuit  of  the  vertical  saw- 
tooth generator  affects  the  bottom 
of ^the_picture,  while  the  vertical 
linearity  control  in  the  cathode  cir- 
cuit of  the  vertical  deflection  am- 
plifier affects  the  top  of  the  picture. 

In  the  event  that  test  patterns 
are  not  available,  then  an  r-f  signal 
from  a signal  generator,  suitably 
amplified,  may  be  fed  into  the  grid 


of  the  flying-spot  crt  and  to  the  sync 
input.  If  the  frequency  is  in  ex- 
cess of  150  kilocycles  and  is  syn- 
chronized as  a harmonic  of  the  hori- 
zontal sawtooth  generator,  a series 
of  vertical  black  and  white  bars  will 
appear  on  the  face  of  the  tube.  For 
proper  linearity,  these  bars  should 
have  equal  spacing. 

Similarly,  if  an  audio  oscillator  is 
fed  into  the  grid  of  the  cathode-ray 
tube  and  its  frequency  is  between 
600  to  900  cycles,  horizontal  bars 
will  appear  and  their  spacing  should 
be  adjusted  to  be  equal  for  proper 
vertical  linearity.  Any  of  the  com- 
mercial grating  generators  can  also 
be  used  to  set  up  the  linearity  of  the 
sweeps. 

If  there  are  no  sources  available 
for  interlaced  sync  operation,  the 
horizontal  sweep  circuit  may  be 
allowed  to  run  free  and  the  vertical 
circuit  synchronized  to  the  60-cycle 
line  to  minimize  hum  difficulties. 
This  will  give  a 260-line  noninter- 
laced sweep,  which  may  be  adequate 
for  many  purposes. 

Figure  6 shows  a simple  circuit 
for  obtaining  standard  525-line  in- 
terlaced sweep.  Impulses  of  60- 


by  two-to-one  countdown. 

By  adjusting,  the  31.5-kc  tuned 
circuit,  interlace  is  read,ily  obtained. 
The  amount  of  negative  resistance 
given  this  circuit  is  controlled  by 
the  5,000-ohm  variable  resistor  in 
the  cathode  of  the  12AU7  interlace 
generator. 

The  amplitude  of  the  initial  ring- 
ing is  set  by  the  1,000-ohm  variable 
resistor  in  the  cathode  of  the  block- 
ing oscillator.  It  is  necessary  that 
this  impulse  be  sharp  enough  to 
cause  the  31.5-kc  tuned  circuit  to 
ring  strongly.  Too  much  negative 
resistance  will  cause  the  31.5-kc 
tuned  circuit  to  oscillate  continu- 
ously and  not  be  under  the  control 
of  the  vertical  oscillator.  If  the 
pulse  derived  from  the  vertical 
oscillator  is  not  sharp  enough, 
further  amplification  and  clipping 
may  be  necessary. 

The  proper  amount  of  horizontal 
sync  voltage  for  horizontal  oscil- 
lator control  is  obtained  by  adjust- 
ment of  the  two  potentiometers  in 
the  plate  circuit  of  the  12AU7  inter- 
lace generator.  If  the  amplitude  of 
the  31.5-kc  signal  is  too  great  it  will 
cailse  the  horizontal  oscillator  to 


FIG.  5 — SttictU  transparencies  can  be  accommodated  by  employing  the  optical  system 
of  o 35-mm  projector  backwards,  with  the  phototube  in  place  ol  the  usual  lamp 


cycle  frequency  derived  from  the 
vertical  blocking  oscillator  are 
passed  through  the  1N34  crystal, 
causing  a 31.5-kc  tuned  circuit 
to  ring  with  damped  oscillations. 
Sufficient  negative  resistance  is 
added  to  make  the  31.5-kc  oscilla- 
tions approximately  constant  in 
amplitude.  The  15.75-;kc  horizon- 
tal blocking  oscillator  or  syncrolock 
oscillator  can  then  be  synchronized 


tear  at  a 60-cycle  rate.  Further  re- 
finements of  this  circuit  would  con- 
sist of  a differentiating  and  limiting 
amplifier  following  the  generator 
to  sharpen  the  horizontal  sync 
pulses.  This  circuit  is  most  effective 
when  the  60-cycle  line  is  steady;  if 
the  line  frequency  varies,  the  31.5- 
kc  circuit  will  have  to  be  readjusted. 
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Construction 

All  of  the  circuits  involved  in  the 
chain  from  the  phototube  through 
the  mixer  and  clipper  should  be 
built  with  the  same  care  normally 
taken  for  a high-gain  i-f  amplifier 
for  a carrier  frequency  of  6 me. 
The  components  should  be  well 


riG.  6 — Circuit  ol  interlace  generator 
for  obtaining  525-line  interlaced  sweep 


FIG.  7 — Simple  modulator  circuit  for 
odding  Tideo  to  on  r-f  generator 


nected  to  the  grid  of  the  fiying-spot 
scanner  and  to  the  blanking  mixer 
in  the  video  amplifier;  a transpar- 
ency is  next  taped  on  the  face  of 
the  cathode-ray  tube.  The  intensity 
control  of  the  ert  is  then  adjusted 
for  the  brightest  possible  raster 
that  can  still  be  focused. 

The  video  gain  control  is  ad- 
vanced until  a video  output  signal 
is  obtained.  This  video  signal 
should  be  examined  by  means  of 
another  television  receiver  or  on  a 
monitor  screen.  Should  there  be 
spaced  from  the  chassis,  and  the 
stages  isolated  from  each  other. 
The  first  few  stages  operate  at 
rather  low  levels  and  unless  this 
portion  of  the  unit  at  least  is  well 
shielded  there  may  be  considerable 


FIG.  8 — ^Regulation  of  focus  coU  current 
is  proyided  bj  tills  circuit 


pickup  from  local  broadcasting  sta- 
tions and  qthers. 

The  phototube  should  be  well 
shielded  against  both  r-f  and  light 
pickup.  Foil  or  thin  sheet,  or  a 
proper-size  can,  should  be  placed 
over  the  phototube  and  grounded. 
A slot  approximately  the  size  of 
the  window  area  of  the  phototube 
(that  portion  inside  the  tube  cov- 
ered by  a sawtooth  wire  screen) 
should  be  cut  in  the  foil  or  sheet 
in  order  to  allow  light  passing 
through  the  transparency  to  be 
picked  up  by  the  phototube. 

A regulated  supply  of  260  volts 
and»65  milliamperes  should  be  used 
for  the  video  circuit.  A negative 
regulated  voltage  should  also  be 
used  for  the  phototube  supply.  Load 
resistors  for  the  d3mode  stages  of 
the  phototube  can  be  wired  directly 
to  the  pins  of  the  socket. 

A phase-inverter  stage  having 
equal  outputs  of  opposite  polarities 
is  also  useful  should  a negative  in- 
stead of  a positive  transparency  be 
used.  Positive  transparencies  are 
preferred  in  this  system  because 
the  noise  generated  in  the  phototube 
is  proportional  to  the  brightness  of 
the  light  aiid  hence  any  noise  or 
snow  present  will  be  less  pro- 
nounced in  the  lighter  portions  of 
the  picture.  Thus,  if  a positive  is 
used  to  make  the  picture,  the  noise 
is  much  less  visible  than  with  a 
negative,  where  the  highlights  of 
the  negative  on  reversal  become 


dark  areas  on  the  resulting  positive 
picture,  showing  noise  in  the  dark 
areas. 

The  peaking  coils  shown  will 
equalize  the  response  to  greater 
than  5.5  megacycles.  Should  con- 
ventional 4.6-mc  video  peaking  coils 
be  used,  the  resolution  will  suffer 
slightly.  The  bias  for  the  video 
tubes  can  be  derived  from  a small 
battery.  Alternatively,  the  bias  may 
be  derived  from  a negative  voltage 
source  and  brought  down  to  the 
proper  values  by  voltage  dividers. 

Adjustntents 

After  the  linearity  has  been  prop- 
erly set,  the  blanking  is  recon- 
streaking  or  long  smear  tails  fol- 
lowing the  picture,  the  high-fre- 
quency peaking  capacitor,  C in  Fig. 
2,  should  be  adjusted  until  these 
effects  disappear.  A sharp  white 
or  black  outline  following  an  object 
for  a short  distance  is  removed  by 
adjusting  the  flash  phosphor  com- 
pensator, R in  Fig  2. 

The  video  gain  control  is  adjusted 
until  the  proper  picture  contrast  is 
obtained  on  the  monitor.  These 
adjustments  are  readily  and  quickly 
made. 

A further  improvement  in  the 
system  may  be  secured  by  using  a 
Kodaslide  projector  in  reverse  by 
focusing  an  image  of  the  ert  raster 
upon  a 35-mm  transparency  and 
then  picking  up  the  light  passed 
through  the  transparency  with  a 
condensing  lens.  The  phototube  is 
mounted  where  the  projection  lamp 
was  formerly  placed.  The  same 
precautions  about  shielding  apply 
here.  Figure  5 shows  this  setup. 
If  it  is  desired  to  transmit  opaque 
information,  then  the  raster  of  the 
flying  spot  must  be  projected,  by  a 
lens  on  to  the  opaque  material  to 
be  transmitted,  and  the  light  from 
the  opaque  material  then  picked  up 
by  the  phototube.  This  is  a full 
application  of  the  old  flying-spot 
method. 

Figure  7 shows  a simple  modu- 
lator circuit  for  modulating  any  sig- 
nal generator  or  r-f  source. 

Figure  8 is  a circuit  for  auto- 
matic regulation  of  focus,  which 
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might  be  used  in  more  elaborate 
designs. 

Applications 

Complete  picture  signals  for  the 
final  testing  of  any  television  re- 
ceiver are  available  in  the  absence 
of  a broadcast  tv  signal.  Complete 


checks  of  overall  low  and  high-fre- 
quency transient  response  are  pos- 
sible, as  are  tests  for  correct  opera- 
tion of  the  video  amplifiers  and  sync 
separation. 

A large  part  of  television  receiver 
point-by-point  testing  can  be  elim- 
inated by  using  a series  of  simple 


test  pictures  which  are  specially 
prepared  to  show  up  television  re- 
ceiver faults.  These  special  pic- 
tures would  have  dark  and  light 
backgrounds  for  showing  how  d-c 
restorers  or  d-c-coupled  video  am- 
plifiers behave. 


Picture-Modulated  Television  Signal 

Generator 


Circuit  data  and  performance  characteristics  of  a signal  source  for  production  testing 
of  receivers  at  points  remote  from  telecasting  stations.  A mixing  pad  permits  the  com- 
bination of  picture,  sound  and  noise  signals  to  simulate  actual  conditions 


This  paper  describes  the  de- 
sign features  and  performance 
characteristics  of  a signal  gener- 
ator, uniquely  suited  for  television 
receiver  measurements  in  that  it 
is  capable  of  providing  a signal  of 
known  amplitude  on  one  of  the 
twelve  commercially  allocated  chan- 
nels and  is  capable  of  being  fully 
modulated  by  a standard  RMA 
composite  video  signal.  The  pic- 
ture-modulated generator  can  be 
used  by  television  receiver  manu- 
facturers far  removed  from  tele- 
vision broadcasting  stations  to  test 
production  receivers  with  picture 
signals  free  from  noise,  ghosts,  and 
interference. 

The  block  diagram  of  the  genera- 
tor in  Fig.  1 shows  the  following 
stages : 

(1)  A video  amplifier  section 
whose  function  is  to  amplify  a 
small  video  signal  so  that  it  has 
sufficient  amplitude  .and  proper  po- 
larity to  operate  the  modulator. 
Multiple  inputs  have  been  provided 
to  enable  rapid  selection  of  any  one 
of  three  different  video  signals.  The 
amplifier  also  provides  a mixing 
channel  so  that  synchronizing  sig- 
nals may  be  added  to  one  or  all  of 
the  video  waves  or  two  video  waves 
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may  be  added  together  for  a com- 
posite display. 

(2)  The  modulator  which  in- 
serts the  video  intelligence  on  the 
r-f  carrier  in  the  approved  fashion ; 
that  is,  zero  carrier  corresponding 
to  100-percent  modulation  of  white 
signals. 

(3)  The  crystal  controlled  r-f 
oscillator  which  generates  an  un- 
modulated signal  and  precisely  de- 
termines the  picture  carrier  fre- 
quency. 

(4)  The  multiplier  chain  which 
multiplies  the  oscillator  frequency 
up  to  the  actual  picture  carrier  fre- 
quency. 

(5)  The  power  amplifier  to  am- 
plify the  modulated  carrier  and 
couple  to  the  attenuator. 

(6)  The  mutual  inductance  at- 
tenuator which  provides  continu- 
ously variable  output  from  6 db 
below  one  volt  (0,5  volt)  to  below 
120  db  below  one  volt  (1  micro- 
volt) . 

(7)  The  output  matching  box 
which  incorporates  the  terminating 
resistors  and  attenuator  level-indi- 
cating crystal. 

(8)  The  metering  circuit,  used 
to  measure  the  rectified  attenuator 
output  and  calibrate  the  attenuator. 

Simplified  circuit  diagrams  of 


the  picture-modulated  generator 
sections  and  power  supply  are 
shown  in  Fig.  2 to  6. 

Video  Circuit 

The  video  sections,  V^,  Vs,  Vt,  Vs, 
and  Ve  of  Fig.  2 consists  fundamen- 
tally of  two  video  amplifier  stages. 
The  selector  switch  Si  setting  de- 
termines which  of  the  three  first 
video  amplifier  stages  Fa,  Vt,  or  Vs, 
are  connected  through  to  the  second 
video  amplifier  stage  Fa.  An  addi- 
tional tube  Fa  is  included  to  enable 
the  adding  of  synchronizing  pulses 
or  an  additional  video  signal  to  the 
others,  if  desired. 

The  selector  switch  setting  also 
determines  which  gain  control 
potentiometer  R^a,  or  Ru,  is 

effective  in  altering  the  transcon- 
ductance of  the  sync  amplifier.  Fa. 
Since  each  of  the  four  first  amplifier 
tubes  also  have  individual  gain 
controls,  the  modulation  depth  and 
black  level  for  each  video  signal 
can  be  preset,  and  pictures 
switched  readily  without  further 
adjustment  of  any  operating  con- 
trols. 

The  two  video  stages  are  com- 
pensated by  a modification  of 
simple  shunt  peaking^  to  insure 
uniform  high-frequency  gain  to  be- 
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FIG.  1 — ^Block  diagram  of  picture-modulated  generator 


yond  4.5  me.  The  low-frequency 
response  of  the  amplifier  is  suffi- 
cient to  transmit  the  vertical  re- 
trace region  of  the  video  wave  with 
less  than  two-percent  droop. 

A parallel  resonant  cathode  trap 
is  included  in  the  cathode  circuit  of 
Ve  and  is  tuned  to  4.5  me  to  attenu- 
ate the  4.5-mc  video  components 
which  might  otherwise  appear  in 
the  sound  channel  and  would  result 
in  undesired  interference  in  the  re- 
ceiver output.  The  cathode  trap 
causes  a discontinuity  in  the  ampli- 
tude and  phase  characteristic  of 
the  video  amplifier;  since  this  is 
similar  to  that  introduced  at  the 
television'  transmitter  or  at  the  re- 
ceiver, it  produces  no  unusual  dis- 
tortion. 

The  type  of  gain  control  indi- 
cated was  chosen  with  regard  to  the 
nature  of  the  video  signal  desired. 
Where  pulse-type  signals,  those  un- 
affected by  amplitude  nonlinearity 
distortion,  are  used  a screen  grid 
voltage  control  is  specified.  This 
control  enables  a large  range  of 
input  signals  to  be  employed.  How- 
ever, with  signals  where  the  linear- 
ity of  the  video  amplifier  must  be 
maintained,  the  degenerative  cath- 
ode resistor  type  of  control  is  indi- 
cated. This  type  of  gain  control  has 
limited  control  capabilities  because 
of  circuit  capacitances  and  required 
bandwidth,  in  this  case  about  10 
db  of  control. 

Maximum  gain  of  video  amplifier 
channels  2 and  3 containing  Vt  and 
Vb,  is  approximately  23  db  (14 
times)  whereas  the  maximum  gain 
of  the  other  channels  is  about  29  db 
(28  times).  Thus  for  channels  2 
and  3 a minimum  signal  of  about 
0.4  volt  peak  to  peak  is  required 
fully  to  cut  off  the  modulator  tube. 

The  input  impedance  of  the 
amplifier  channels  was  made  high 
so  that  the  picture-modulated  gen- 
erator might  be  connected  to  a 
terminated  line  without  causing 
appreciable  loading.  This  makes 
easier  multiple  operation  of  gener- 
ators from  a single  line. 

Modulator  Circuit 

The  output  of  the  video  amplifier 
connects  to  the  suppressor  grid  of 


the  6AS6  modulator  tube  V»  shown 
in  Fig.  3.  The  r-f  signal  is  im- 
pressed on  the  control  grid  and  the 
modulated  energy  appears  in  the 
plate  circuit.  The  6AS6  tube'  is 
specially  designed  for  mixer  or 
modulator  service  in  that  the  grid- 
plate  transconductance  is  capable 
of  control  by  the  suppressor- 
cathode  potential  in  a manner 
which  is  reproducible  from  tube  to 
tube.  A d-c  restorer  diode  Ve  con- 
nected to  the  suppressor  insures 


that  the  synchronizing  signal  peaks 
are  held  at  zero  potential  as  illus- 
trated in  Fig.  7. 

The  video  polarity  on  the  sup- 
pressor grid  of  the  modulator  tube 
is  such  that  sync  tips  produce  100 
percent  carrier,  while  the  white 
portions  of  the  video  waveform 
cause  reduction  of  the  carrier  to 
approximately  7 percent.  The  d-c 
restorer  serves  to  clamp  the  sync 
tips  to  zero  bias  regardless  of  pic- 
ture content.  Unfortunately,  this 
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type  of  d-c  restorer  causes  some 
degradation  of  the  synchronizing 
pulse  waveform  during  the  vertical 
retrace  interval.  However,  the 
total  amount  of  droop  during  the 
vertical  retrace  interval  which  is 
due  to  the  low-frequency  character- 
istic of  the  video  amplifier  plus  the 
effect  of  the  d-c  restorer  diode  does 
not  exceed  5 percent. 


connected  as  a triode.  The  plate 
circuit  contains  a highly  selective, 
double-tuned  transformer,  tuned 
to  a harmonic  of  the  crystal  oscil- 
lator. The  circuits  shown  provide 
adequate  multiplication  and  adja- 
cent harmonic  rejection  for  a mul- 
tiplication of  at  least  nine  times. 

A 6AG5  tube,  Vj,  is  used  as  an 
additional  frequency  tripler  on  the 


stagger-tuned  pair.  The  second 
circuit  is  the  fixed  coil  of  a mutual 
inductance  attenuator  which  is  re- 
sonant near  the  picture  carrier. 

The  composite  r-f  transmission 
characteristic  from  modulator  grid 
to  the  output  terminals  is  shown  in 
Fig.  8.  for  operation  on  channel  13. 
The  total  3-db  bandwidth  is  about 
9 me. 


The  modulation  linearity  of  the 
modulator  tube  is  sufficiently  good 
so  that  no  appreciable  compression 
of  white  values  will  occur  providing 
the  carrier  level  is  not  reduced  be- 
low about  7 percent  of  maximum. 
There  is,  however,  a small  amount 
of  clipping  of  the  synchronizing 
tips  by  the  d-c  restorer.  Thus  a 
signal  which  contains  approxi- 
mately 28  percent  sync,  instead  of 
the  usual  25  percent,  is  needed  to 
produce  the  standard  RMA  signal. 
If  separate  synchronizing  signals 
are  used  in  conjunction  with  Vi, 
no  diflSculty  will  be  experienced.  If 
a composite  signal  is  fed  to  the 
video  input,  the  amount  of  sync  in 
the  video  waveform  should  be  ad- 
justed at  the  synchronizing  gener- 
ator. 

Frequency  Multiplier 

The  modulator  grid  is  fed  from 
the  multiplier  chain  which  develops 
the  required  r-f  voltage  at  the  pic- 
ture carrier  frequency.  The  fre- 
quency-determining element  of  the 
frequency  multiplier  chain  is  crys- 
tal Fi  operating  between  7 and  9 
me  depending  upon  the  channel  de- 
sired. Tube  Vi  in  Fig.  3 is  a com- 
bined crystal  oscillator  and  fre- 
quency multiplier.  The  control 
grid,  screen  grid  and  cathode  are 


generators  which  are  designed  for 
channels  7-13.  For  channels  1-6 
this  stage  is  used  as  a buffer. 

Approximately  one  volt  of  r-f 
voltage  at  the  picture  carrier  fre- 
quency appears  on  the  modulator 
grid. 

Output  Amplifier 

The  modulator  plate  connects  to 
a resonant  circuit  which  is  one  of  a 


The  picture  carrier  is  situated  in 
such  a manner  that  the  upper  side- 
bands are  faithfully  transmitted 
whereas  the  lower  sidebands  are 
progressively  attenuated.  How- 
ever, for  all  practical  purposes  for 
use  with  commercial  television  re- 
ceivers, the  picture-modulated  gen- 
erator is  essentially  double  side- 
band. The  shape  of  this  transmis- 


350V 


FIG.  4 — Complete  power  supply  circuit  for  the  generator 
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sion  characteristic  is  somewhat 
modified  when  the  attenuator  is  set 
for  maximum  output  but  is  still 
satisfactory. 

Power  amplifier  tube  Pm  couples 
into  the  mutual  inductance  attenu- 
ator.* A balanced  plate  circuit  with 
forming  one  of  the  balance 
capacitors  and  the  circuit  capaci- 
tance on  the  6AK5  side  forming  the 
other,  is  used.  This  balanced  con- 
dition is  essential  if  the  output  of 
the  attenuator  is  to  be  balanced 
with  respect  to  ground. 

Figure  9 shows  a cross  section  of 
the  attenuator  indicating  the  posi- 
tion of  the  fixed  and  movable  coils. 
The  ratio  of  the  voltage  induced  in 
the  movable  coil  at  a distance  X 
inches  from  the  fixed  coil  to  that 
induced  at  a distance  (X  + d/2) 
inches  is  16  db.  If  the  diameter  of 
the  cylinder  is  one  inch,  then  the 
attenuation  will  be  32  db  per  inch 
of  travel.  Approximately  120  db 
of  attenuation  is  provided  in  the 
attenuator  shown. 

The  movable  piston  has  a gear 
rack  attached  to  it  which  is  driven 
by  means  of  a pair  of  split  gears 
actuated  by  a shaft  from  the  front 
panel.  The  attenuator  dial  is  di- 
rectly calibrated  in  db  attenuation. 
A movable  zero  slider  is  incorpo- 
rated to  aid  in  setting  the  reference 
point. 

Coupling  Unit 

By  means  of  the  output  coupling 
unit,  shown  at  the  left  of  Fig.  5,  the 
balanced  signal  from  the  attenu- 
ator cable  is  delivered  to  the  r-f 
output  jack  on  the  front  panel. 
Located  in  this  unit  is  the  Meter 
Read  Switch  Sa  and  the  circuitry 
necessary  for  conducting  the  d-c 
measuring  voltage  of  the  output- 
level  measurement  system  from  the 
output  lead  to  the  output-level 
metering  circuit.  In  the  coupling 
unit  and  output  head  are  the  cir- 
cuits for  enabling  both  the  r-f  out- 
put signal  and  the  d-c  output-level 
measuring  voltage  to  be  carried  by 
the  same  output  cable. 

Output  Head 

The  output  head  is  connected  to 
the  R-F  Output  Jack  on  the  front 


panel  by  a three-foot  length  of 
RGr-22U  balanced  twin  conductor 
cable.  The  output  head  contains  a 
terminating  network  with  the  fol- 
lowing nominal  output  impedances : 
10  ohms  unbalanced  to  ground,  50 
ohms  unbalanced  to  ground,  20 
ohms  balanced,  and  100  ohms  bal- 
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FIG.  7 — ^Wenreform  at  suppressor  grid  of 
modulator  tube  showing  the  effect  of  the 
d-c  restorer  on  sync  tips  as  scene  bright- 
ness varies 

RIGHT 

FIG.  8 — Output  metering  circuit 

anced.  The  maximum  output  volt- 
age across  the  100-ohm  output  re- 
sistance is  0.5  volt  rms. 

Also  located  in  the  output  head  is 
a crystal  rectifier  Cf^,  a 1N38  con- 
nected in  a peak  voltmeter  circuit 
with  Raa  and  C«.  This  crystal  can 
be  connected  by  switch  S,  to  either 
side  of  the  line  in  the  output  head 
to  indicate  the  magnitude  of  the 


output  voltage.  This  enables 
measurement  of  the  actual  output 
voltage  under  load  as  well  as  the 
open-circuit  voltage.  The  positive 
d-c  voltage  developed  across  R*  is 
carried  by  one  of  the  conductors 
of  the  output  cable  to  one  side  of 
the  Meter  Read  Switch  5,  of  the 


coupling  unit.  When  the  switch 
button  is  depressed  the  video  am- 
plifier is  disabled  and  the  d-c  meas- 
urement voltage  is  connected  to  the 
metering  circuit.  Thus  the  attenu- 
ator output  level  is  set  with  no 
modulation  on  the  carrier,  elimi- 
nating the  possible  errors  which 
might  be  caused  by  different  pic- 
ture content.  The  modulator  cir- 
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cults  are  designed  so  that  eliminat- 
ing the  video  signal  has  a negligible 
effect  on  the  amplitude  of  the  pic- 
ture carrier. 

Output  Level  Meter 

The  output  level  meter  is  de- 
signed to  indicate  the  output  volt- 
age level  of  the  unmodulated  r-f 
carrier.  As  shown  in  Fig.  6,  it 
consists  of  a cathode-coupled,  bal- 
anced amplifier  using  a 12AT7,  Fn. 
One  triode  section  may  be  called  the 
measuring  tube  (pins  1,  2 & 3)  and 
the  second  triode  the  reference 
tube,  (pins  6,  7,  8) . With  no  signal 
on  the  measuring  tube  the  Meter 
Zero  control  potentiometer  is  ad- 
justed until  the  microammeter 


of  potential  between  the  two  plates 
is  then  a measure  of  the  applied 
grid  voltage. 

To  protect  the  meter  from  acci- 
dental overload  of  either  polarity 
two  1N34  crystal  rectifiers  CRz  and 
CRa  are  connected  in  a novel  man- 
ner between  the  two  plate  circuits. 
Crystal  CRa  is  poled  so  that  reverse 
deflection  of  the  meter  is  prevented. 
CRa  is  poled  and  biased  by  means  of 
Raa  so  that  when  the  meter  current 
exceeds  a certain  value  the  crystal 
tends  to  prevent  a further  increase. 

Potentiometer  R^e  in  Fig.  6 
serves  only  to  control  the  magni- 
tude of  the  input  signal  and  the 
sensitivity  of  the  system;  hence  it 
is  labeled  Meter  Calibrate  on  the 


FIG.  8 — Composite  r-f  transmission 
characteristic 


Shielding  and  Leakage 

Great  care  has  been  exercised  in 


TABLE  I — Oscillator  and  Multiplier  Frequencies 


Channel 

Picture 

Carrier 

Crystal 

Frequency 

1st 

Multiplier 

2nd 

Multiplier 

2 

me 

55.25 

kc 

9,208.3 

X 6 

X 1 

3 

61.25 

8,750.0 

X 7 

X 1 

4 

67.25 

8,406.3 

X 8 

X 1 

5 

77.25 

9,656.3 

X 8 

X 1 

6 

83.25 

9,250.0 

X 9 

X 1 

7 

175.25 

8,345.3 

X 7 

X 3 

8 

181.25 

8,630.9 

X 7 

X 3 

9 

187.25 

8,916.7 

X 7 

X 3 

10 

193.25 

9,202.4 

X 7 

X 3 

11 

199.25 

8,302.1 

X 8 

X 3 

12 

205.25 

8,552.1 

X 8 

X 3 

13 

211.25 

8,802.1 

X 8 

X 3 

TABLE  II — Coil  and  Alignment  Frequencies 


Channel 

U 

Cs 

and 

Ca 

Cs 

Cn 

and 

Ci8 

Caa 

kc 

me 

me 

me 

me 

2 

9,208.3 

55,25 

55.25 

54 

60 

3 

8,750.0 

61.25 

61.25 

60 

66 

4 

8,406.3 

67.25 

67.25 

66 

72 

5 

9,656.3 

77.25 

77.25 

76 

82 

6 

9,250.0 

83.25 

83.25 

82 

88 

7 

8,345.3 

58.42 

175.25 

174 

180 

8 

8,630.9 

60.42 

181 . 25 

180 

186 

9 

8,916.7 

62.42 

187.25 

186 

192 

10 

9,202.4 

64.42 

193.25 

192 

198 

11 

8,302.1 

66.42 

199.25 

198 

204 

12 

8,552.1 

68.42 

205 . 25 

204 

210 

13 

8,802.1 

70.42 

211.25 

210 

216 

reads  zero  current;  in  this  condi- 
tion the  voltage  difference  between 
the  two  plates  is  zero. 

If  a positive  d-c  voltage  is  ap- 
plied to  the  grid  of  the  measuring 
tube  the  current  through  it  will 
increase,  and  the  current  in  the 
reference  tube  will  decrease  a cor- 
responding amount.  The  difference 


panel.  The  maximum  sensitivity 
is  in  the  order  of  0.16  to  0.20  volt 
for  full-scale  deflection. 

Picture-modulated  generators 
have  been  designed  and  constructed 
for  channels  2 to  13  inclusive. 
Tables  1 and  2 indicate  the  fre- 
quencies involved. 


providing  good  shielding  and  r-f 
filtering  to  enable  the  use  of  picture 
modulated  generators  with  sensi- 
tive receivers.  It  is  possible,  as  a 
result,  to  attenuate  completely,  so 
that  no  trace  of  a picture  signal  re- 
mains on  the  most  sensitive  tele- 
vision receiver  which  has  been 
available  for  test.  The  generators 
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FIG.  9 — Construction  detoils  of  the  mutuol  inductance  attenuotor 
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have  been  tested  for  r-f  leakage 
through  the  power  cables,  chassis 
openings,  and  around  the  covers 
with  sensitive  communication  re- 
ceivers and  have  shown  no  discern- 
ible leakage. 

The  effective  shielding  has  been 
accomplished  by  carefully  filtering 
every  power  lead  which  enters  or 
leaves  the  chassis  in  several  stages. 
All  circuits  which  carry  r-f  or  have 
r-f  fields  have  been  carefully  com- 
partmented. 

Another  factor  which  tends 
toward  low  radiation  and  leakage  is 
the  absence  of  a high-level  oscilla- 
tor at  the  picture  carrier  frequency. 
The  high-level  oscillator  operates 
between  7 and  9 me  and  conse- 
quently does  not  affect  the  tele- 
vision receiver. 

Setting  Modulation  Depth 

The  setting  of  the  several  video 
signal  controls  to  obtain  the 
standard  depth  of  modulation  can 


TO  OUTPUT  HEAD 


FIG.  10 — Circuit  of  interrupter  for  esti- 
mating the  positfbn  of  zero  carrier  level. 
By  adjustment  of  the  gain  controls  of  the 
generator/  the  modulation  depth  and  the 
black  level  may  be  set  according  to  RMA 
and  FCC  standards.  Acceptable  setting 
is  shown  at  (B)  and  incorrect  setting  indi- 
cating excessive  sync  gain  and  inade- 
quate video  gain  is  shown  at  (C) 


be  accomplished  by-  the  following 
procedure.  The  equipment  required 
in  addition  to  the  video  source  for 
modulating  the  picture  modulated 
generator  includes  a wide  band, 
high-gain  oscilloscope,  a mechani- 
cal buzzer-type  interrupter  and  a 


FIG.  11 — Overall  amplitude  and  phase 
versus  frequency  characteristic 


FIG.  12 — Mixing  pad  for  combining  an 
f-m  sound  signal  with  the  video  channel 


crystal  rectifier,  video  detector  cir- 
cuit. 

The  circuit  and  an  illustration 
of  the  type  of  display  are  shown  in 
Fig.  10.  Here  the  rectifier  circuit 
is  connected  across  the  output 
terminals  of  the  output  head.  The 
output  from  the  detector  is  con- 
nected to  the  vertical  plates  of  the 
oscilloscope;  the  horizontal  sweep 
set  to  30  cps  and  synchronized  with 
the  power  Kne. 

The  interrupter  periodically 
short  circuits  the  output  from  the 
detector  so  as  to  indicate  the  zero 
carrier  level  of  the  signal  from  the 
generator.  The  pattern  on  the  os- 
cilloscope appears  as  shown  as  a 


replica  of  the  video  modulating 
waveform  with  periodic  spikes  ex- 
tending down  to  zero  carrier  level. 
In  general  the  spikes  will  not  be 
synchronous  with  the  video  signal 
and  horizontal  sweep. 

To  set  modulation  depth  adjust 
the  video  and  synchronizing  signal 
gain  controls  until  the  video  signal 
plus  the  sync  peaks  are  equal  to 
about  93  percent  of  the  peak  signal 
observed  on  the  screen  of  the  oscil- 
loscope. The  black  level  adjust- 
ment is  made  by  proportioning  the 
relative  amounts  of  sync  and  video 
signals. 

Overall  Performance 

The  overall  amplitude  and  phase 
versus  frequency  characteristic  is 
shown  on  Fig^  11.  The  curves  were 
taken  with  a Hazeltine  phase  curve 
tracer.®  The  swept  video  was  con- 
nected at  the  video  input  jack  and 
the  output  signal  recovered  across 
a 2,0Q0-ohm  load  resistor  of  a crys- 
tal detector  connected  across  the 
r-f  output  terminals.  In  this  man- 
ner the  fidelity  of  the  entire  unit 
including  the  video,  r-f,  and  coupl- 
ing circuits  can  be  evaluated. 

A resume  of  the  performance 
specifications  is  as  follows: 
Operating  frequency  range — One 
channel 

Output  level — 0.5  v to  below  1 (xv 
Output  impedance — 10  ohms  unbal- 
anced; 50  ohms  unbalanced;  20 
ohms  balanced;  100  ohms  bal- 
anced 

Video  polarity — black  positive 
Video  input  level — 0.4  v to  1.2  v 
peak  to  peak 

Frequency  accuracy — 50  kc  of  nom- 
inal picture  carrier 
Spurious  frequencies — at  least  44 
db  below  picture  carrier 
Attenuator  balance — the  unbal- 
ance to  ground  between  two 
halves  does  not  exceed  0.5  db 
Power  drain — 110  watts  at  117  v 
60  cps 

Modulation  depth — adjustable,  zero 
to  about  93  percent 

Sound  Channel 

The  instrument  has  been  used 
with  standard  RMA  signal  gener- 
ators manufactured  by  RCA  and 


180 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


Telequip  Corp.  In  addition  to  the 
monoscope,  several  video  patterns 
have  been  used,  among  which  are: 
black  and  white  signal,  linearity 
bar  pattern,  step  wave,  camera 
signals  and  signals  taken  off  the 
air  by  a television  receiver. 

In  normal  use  of  the  instrument, 
an  f-m  signal  generator  operating 
on  the  proper  sound  carrier  fre- 
quency is  an  important  accessory. 
Figure  12  is  a circuit  diagram  of  a 
mixing  pad  which  enables  mixing 
of  sound,  picture  and  noise  signals 
to  simulate  the  actual  television 


transmission.  The  picture  input  has 
a crystal  rectifier  which  is  used  in 
place  of  the  output  coupling  box  for 
measurements  of  picture  carrier 
level.  The  insertion  loss  of  the  sys- 
tem is  approximately  9 db. 

With  receivers  using  intercarrier 
sound,  a small  amount  of  phase 
modulation'  of  the  picture  carrier 
by  the  action  of  the  modulator  on 
the  tuned  circuit  in  its  grid  circuit 
may  be  observed. 

The  phase  modulation  may  be 
reduced  by  means  of  input  admit- 
tance variation  compensation.  This 


consists  of  an  unbypassed  cathode 
resistance  in  the  6AS6  cathode.  The 
size  varies  between  25  and  100 
ohms  depending  on  the  channel. 
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Television  Crosshatch  Generator 


Linearity  adjustments  in  tele- 
vision receivers  may  be  expedited 
by  the  use  of  a relatively  simple 
crosshatch  generator,  the  circuit  of 
which  appears  in  the  accompanying 
diagram.  This  unit  blanks  the  elec- 
tron beam  at  regular  intervals  to 
form  12  horizontal  and  16  vertical 
lines  on  the  screen  of  the  picture 
tube.  Since  the  generator  is  con- 
nected directly  to  the  receiver  being 
adjusted,  test  pattern  distortion 
errors  introduced  in  camera  chains 
and  transmitters  are  avoided. 

The  generator  has  sufficiently  low 
power  requirements  to  allow  the 
necessary  voltages'for  its  operation 
to  be  taken  from  the  receiver  being 
tested  without  undue  strain  on  the 
components  of  the  receiver  power 
supply. 

The  number  of  lines  is  adjustable, 
but  the  12  to  16  ratio  has  been  found 


FIG.  1 — Circuit  diagram  of  crosshatch 
generator.  Type  12AU7  tubes  are  used 
diroughout 


FIG.  i.  - -Crosshatch  pattern  obtained  with 
properly  adjusted  receiver  using  crosshatch 
generator 


to  be  most  convenient  for  most  line- 
arity adjustments.  Thus  the  proper 
aspect  ratio,  as  well  as  both  hori- 
zontal and  vertical  linearity  adjust- 
ments, may  be  made  easily  and  ac- 
curately. Philco  Corporation  is 
responsible  for  the  development  of 
the  instrument. 


Single-Frame  TV  Photography 

By  M.  DISTEl  AND  A.  GROSS 


In  endeavoring  to  record  a re- 
motely situated,  random,  short- 
duration  visual  phenomenon,  an  ex- 
perimental closed-circuit  television 
system  was  arranged  to  transmit 
the  scene  to  the  picture  tube  where 
it  could  be  photographically  re- 


corded. Since  the  time  of  occur- 
rence of  the  event  was  not  predict- 
able, an  electronic  triggering 
scheme  was  tried  which  would  en- 
able the  film  camera  to  monitor  the 
screen  continuously.  The  camera 
shutter  was  opened  and  the  screen 


maintained  dark  except  when  trig- 
gered to  brightness  by  the  event 
itself,  thus  capturing  the  image  on 
film.  The  alternative  to  this,  of 
course,  would  be  the  obviously  less 
economical  method  of  operating  a 
motion  picture  camera  continuously 
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in  anticipation  of  the  event. 


lent  point  in  the  succeeding  frame. 


Trigger  System 

The  effectiveness  of  the  electronic 
triggering  scheme  depended  upon  a 
number  of  things.  The  camera  and 
television  receiver  had  to  be  in  a 
light-tight  enclosure  to  prevent 
fogging  of  the  exposed  film.  Trig- 
gering the  kinescope  picture  on  and 
off  had  to  be  accomplished  by  se- 
quential application  of  the  proper 
bias  voltages  to  the  kinescope  con- 
trol grid.  In  trial,  a single-shot 
multivibrator,  triggered  by  the 
event  by  means  of  an  auxiliary 
photocell  in  the  television  camera, 
generated  a square  pulse  of  dura- 
tion equal  to  the  average  television 
frame  period.  This  pulse  was  used 
to  gate  the  cathode-ray  beam. 

It  was  found  that  the  vertical 
oscillator  of  the  40-frame-per- 
second  television  scanning  system 
would,  over  a period  of  days  and 
under  changing  temperature  condi- 
tions, vary  approximately  within 
one  cycle  per  second  about  a fre- 
quency in  the  range  39  to  46  cycles 
per  second.  Rather  than  modify 
the  television  synchronization  gen- 
erator system  to  remedy  this  diffi- 
culty, it  was  decided  to  control  the 
timing  circuit  which  gates  the 
kinescope  cathode-ray  beam.  It 


FIG.  1 — Samples  of  banding  occurring 
in  single-frame  television  photography 


was  necessary  to  find  some  solution 
since,  within  a few  hours  after  ad- 
justment, the  photographs  taken 
would  invariably  cover  slightly 
more  or  slightly  less  than  the  single 
frame  required,  resulting  in  unde- 
sirable banding  as  illustrated  in 
Fig.  1.  To  overcome  this  defect  in 
the  photograph  it  is  necessary  that 
the  on  period  of  the  picture,  initi- 
ated at  any  time  during  a given 
frame,  extend  to  exactly  the  equiva- 


Circuit Details 

The  circuit,  which  was  evolved 
from  various  designs  and  selected 
as  the  simplest  satisfactory  solu- 
tion, comprises  a single-shot  multi- 
vibrator whose  pulse  width  is  a 
function  of  grid  bias,  and  an  ana- 
log counter  circuit  whose  output 
voltage  is  proportional  to  the  input 
frequency,  in  this  case  the  tele- 
vision frame  frequency.  Figure  2 
shows  a block  diagram  of  the 
system. 


FIG.  2 — System  for  gating  one  frame  of 
a television  receiver  whose  vertical 
scanning  frequency  is  not  constant 


The  television  pickup  feeds  both 
video  and  sync  signals  to  the  re- 
ceiver. The  signal  selector  is  used 
to  derive  a trigger  pip  from  the 
event  which  is  fed  to  the  variable- 
pulse  multivibrator  where  it  initi- 
ates the  picture  gating  pulse.  The 
analog  counter  is  the  control  circuit 
for  the  multivibrator,  and  makes 
the  multivibrator  pulse  vary  in 
width  to  compensate  for  the  drift 
of  the  frame  frequency  of  the  tele- 
vision system. 

Figure  3 shows  the  complete 
schematic  of  the  multivibrator  and 
counter.  To  the  counter  circuit  is 
fed  a portion  of  the  output  of  the 
vertical  oscillator.  The  counter  pro- 
duces a voltage  proportional  to  the 
frequency  of  the  vertical  oscillator. 
A negative  counter  was  used  in  this 
case  so  that  an  increase  in  fre- 
quency causes  a drop  in  average 
plate  current  of  Vt.  Thus  the  output 
voltage  drops  with  an  increase  in 
frequency.  For  the  type  of  control- 
lable multivibrator  selected,  this 
effect  was  necessary  so  that  the 
pulse  width  would  decrease  with  an 
increase  in  frequency.  For  cases 
where  an  increase  in  frequency 


must  give  a wider  output  pulse,  a 
positive  counter  circuit  may  be 
used. 

Counter  Design 

In  the  design  of  the  counter  cir- 
cuit, whether  positive  or  negative, 
the  time  constant  R^Co  » 1//  where 
/ is  the  frequency  to  be  measured, 
and  Ct  > Cl  with  Ci  being  kept  very 
small. 

The  d-c  output  voltage  of  the 
counter  is  equal  to: 

EafRlCi  ( 1 \ 

l+SRiC\  2fR,cJ 

where  Ea  is  the  peak  applied  volt- 
age and  / the  frequency,  and  i2i,Ci 
and  Ca  are  as  shown  in  the  sche- 
matic of  Fig.  3. 

For  the  values  shown  in  Fig.  3 
a variation  from  39  cycles  per 
second  to  46  cps  will  give  a voltage 
change  of  2.5  volts. 

The  multivibrator  was  so  de- 
signed that  for  a change  of  —2.5 
volts  on  the  control  grid  the  output 
pulse  of  the  multivibrator  decreases 
from  25,380  microseconds  to  21,300 
microseconds.  This  compares  fairly 
well  with  the  requirement  of  25,640 
microseconds  for  39  cps,  and  21,740 


FIG.  3 — Vertical  scanning  frequency 
Yoriation  from  39  to  46  cps  will  give  a 
voltage  change  of  — 2.5  volts  for  con- 
trolling gating  time 

microseconds  for  46  cps. 

Since  the  counter  is  sensitive  to 
amplitude  as  well  as  frequency,  it 
is  important  that  the  input  to  the 
counter  be  limited  to  constant  am- 
plitude signals.  Where  amplitude 
variation  is  anticipated,  a limiter 
stage  should  be  placed  ahead  of  the 
counter. 


INDUCTANCE  IN  MICROHENRYS 
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Television  l-F  Coil  Design 


VARIOUS  nomographs,  charts, 
and  calculators  are  available 
for  the  calculation  of  the  induc- 
tance of  coils,  but  most  of  these 
graphical  aids  do  not  cover  the 
range  of  values  of  interest  to  the 
designer  of  coils  for  television, 
f-m,  and  radar  i-f  frequencies. 
The  accompanying  nomograph 
has  been  designed  to  fulfill  this 
need.  Unlike  other  coil  nomo- 
graphs, it  gives  in  one  operation 
the  number  of  close-wound  turns 
required  to  get  a desired  induc- 
tance. 


By  JEAN  HOWARD  FELKER 

The  nomograph  is  based  on  a 
modification  of  H.  A.  Wheeler’s 
inductance  formula^ 

^ = n microhenrys  (1) 

9r  -(-  lOf 

where  r is  the  radius  of  the  coil 
in  inches,  I its  length  in  inches, 
and  n the  number  of  turns.  In 
close-wound  coils,  Z is  a function 
of  n.  Substitution  of  nd,  where 
d is  the  diameter  of  the  wire  in 
inches,  for  I in  Eq.  1 gives  an 


HOW  TO  USE  NOMOGRAPH:  Place  straightedge  on  desired  values  of  inductance  and  wire  size 
on  the  two  vertical  scales.  Where  curve  for  desired  coil  form  diameter  intersects  straightedge,  read 
required  number  of  turns  on  other  set  of  curves 

Example:  How  many  turns  of  number  30  wire  are  required  on  a 0.25-inch  diameter  coil  form  to 
obtain  0.7  microhenry?  Run  straightedge  between  0.7  on  lefthand  vertical  scale  and  30  on  right- 
hand  side  of  righthand  vertical  scale,  as  indicated  by  thin  dashed  line.  Trace  upward  along  0.25 
diameter  curve  to  straightedge,  and  read  10  turns  as  value  of  other  curve  passing  through  this 


intersection 
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equation  which  can  be  solved  for 
n to  give 

lOdL  + V 100(f*L2  + 



The  complexity  of  Eq.  2 accounts 
for  the  unusual  structure  of  the 
nomograph  and  indicates  the 
computational  labor  avoided  by 
its  use. 


D.  Pollack^  has  shown  verinca- 
tion  for  the  formula  L = N-Df 
(102  S + 45)  microhenrys, 

where  D is  the  diameter  of  the 
coil  in  centimeters,  N is  the  num- 
ber of  turns,  and  S is  the  ratio 
of  the  length  of  the  coil  to  its 
diameter.  Changing  the  centi- 
meter dimensions  of  D in  Eq.  3 


to  inches  and  employing  Wheel- 
er’s symbols  gives  L ■=  rV/(8.85 
r + 100,  verifying  Eq.  1. 
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Bifilar  l-F  Coils 


Improved  noise  immunity  because  of  low  grid  time  constant  and  economy  in  production 
due  to  the  elimination  of  several  components  are  achieved  hy  use  of  bifilar  coils  between 
stages  of  stagger-tuned  i-f  amplifiers.  Detailed  analysis  is  given 

By  S.  R.  SCHEINER 


Bifilar  coils  as  interstage  coup- 
ling devices  in  stagger-tuned 
amplifiers^  provide  a number  of  de- 
sirable features  in  addition  to  those 
of  the  conventional  coupling  system. 

A bifilar  coil  may  be  defined  as  a 
transformer  having  as  close  to  unity 
coupling  as  physically  possible.  The 
construction  of  a typical  bifilar  coil 
for  use  in  the  television  i-f  range 
from  21  to  26  me  is  illustrated  in 
Eig.  1.  The  coil  shown  is  wound 
on  a 0.292-inch  O.D.  Bakelite  form 
using  No.  30  wire  with  heavy  form- 
var  insulation. 

The  two  windings  are  formed 
simultaneously,  so  that  any  turn  on 
winding  A is  adjacent  to  two  turns 
on  winding  B,  thus  insuring  a high 
degree  of  coupling  between  coils. 
Measurements  indicate  a coefficient 
of  coupling  of  approximately  90 
percent.  The  insulation  on  the  two 
windings  is  generally  colored  differ- 
ently for  convenience  in  wiring. 
The  bifilar  coil  is  tuned  by  a single 
iron  core  inside  the  form. 

The  use  of  bifilar  coils  in  a typical 
television  i-f  system  is  illustrated  in 
Fig.  2.  This  circuit  represents  a 
low-cost  system  employing  only  two 
i-f  amplifier  tubes  and  designed  for 
a 3-db  bandwidth  of  2.2  me  and  a 
6-db  bandwidth  of  approximately 
2.65  me.  The  three  bifilar  coils  are 
labeled  T^,  and  in  Fig.  2.  The 


FIG.  1 — Construction  of  bifilar  coil 


individual  tuning  frequencies  and 
stage  loading  are  based  on  the 
values  determined  by  design  formu- 
las for  an  ideal  stagger-tuned  triple, 
and  modified  as  required  by  practi- 
cal considerations. 


A similar  amplifier  using  single- 
tuned  coils  and  coupling  capacitors 
is  shown  in  Fig.  3. 

Economics 

Comparison  of  Fig.  2 with  Fig.  3 
indicates  that  the  use  of  a bifilar 
coil  eliminates  the  necessity  for  a 
coupling  capacitor  in  each  stage. 
The  added  cost  of  winding  the  extra 
coil  and  providing  the  required  in- 
sulation is  approximately  one  cent. 
This  is  several  cents  less  than  the 
cost  of  an  ordinary  coupling  capac- 
itor, so  that  an  appreciable  cost  sav- 
ing is  provided  by  the  bifilar  coil 
system. 

An  r-f  choke  is  employed  in  Fig. 
3 to  feed  B voltage  to  the  last  i-f 
tube  plate,  and  the  tuned-circuit 
coil  is  connected  from  video  detector 
cathode  to  ground.  Here,  the 
resistance  in  series  with  the  i-f 


fig.  2 — Circuit  of  staggered  two-stoge  i-f  amplifier  using  bifilar  coupling  coils 
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plate  must  be  low  to  avoid  exces- 
sive drop  in  B voltage,  and  the 
resistance  across  the  video  detector 
load  must  be  low  to  maintain  diode 
detector  efficiency.  In  this  circuit, 
the  use  of  a bifilar  coil  effects  a 
further  econoiriy  by  eliminating  the 
need  for  the  r-f  choke. 

A second  important  advantage  re- 
sulting from  the  use  of  bifilar  coils 
is  the  improved  noise  immunity  be- 
cause of  the  low  impedance  in  the 
i-f  grid  circuits.  In  the  conven- 
tional amplifier  illustrated  in  Fig. 
3,  where  the  d-c  grid  return  is 
through  the  load  resistor,  an  appre- 
ciable time  constant  in  the  grid 
may  result.  Noise  pulses  of  suf- 
ficient amplitude  to  draw  grid  cur- 
rent will  develop  a charge  on  the 
coupling  capacitor,  and  this  charge 
will  maintain  bias  on  the  tube  until 
it  can  leak  off  through  the  grid 
resistor. 

If  bias  is  developed,  the  stage 
gain  will  be  reduced  after  each 
noise  pulse  until  the  bias  returns 
to  normal.  Severe  noise  may  be 
sufficient  to  drive  the  tube  to  cutoff. 
The  effect  on  the  picture  is  that 
each  noise  pulse  which  modulates 
the  carrier  toward  the  black  level  is 
not  itself  very  noticeable,  but  is 
followed  by  a white  tail  which  is 
very  objectionable. 

In  Fig.  3 the  grid  of  the  last  i-f 
stage  has  a time  constant  of  ap- 
proximately 3.3  microseconds.  The 
active  time  for  one  horizontal  line 
is  approximately  53.3  microseconds, 
so  that  severe  noise  would  produce 
noticeable  white  streaking.  When 
bifilar  coils  are  employed,  the  grid 
time  constant  is  virtually  zero,  so 
that  the  effect  of  noise  on  the 
picture  is  only  to  produce  the  black 
specks  caused  by  noise  modulation. 

In  the  conventional  single-coil 
system,  the  last  i-f  stages  are  the 
most  susceptible  to  this  effect  be- 
cause of  the  increased  amplitude  of 
noise  pulses. 

It  becomes  increasingly  more 
difficult  to  use  a resistor  for  the 
d-c  grid  return  as  the  bandwidth  of 
the  amplifier  is  narrowed.  This 
results  from  the  fact  that  the  indi- 
vidual stage  loading,  as  prescribed 
by  stagger-tuned  design  formulas, 


becomes  less  as  the  bandwidth 
is  narrowed.  Hence,  the  grid  time 
constant  becomes  increasingly 
larger  and  the  noise  performance 
progressively  poorer  unless  a bifilar 
coil  or.  an  additional  choke  is 
employed. 

A higher  i-f  frequency  would  re- 
sult in  a longer  grid  time  constant, 
since  the  increased  tube  transit 
time  loading  will  necessitate  less 


of  terminals  1 and  2,  then  the 
equivalent  circuit  according  to 
Thevenin’s  theorem  will  be  as 
shown  in  Fig.  5B  where 


=T 


jwCi 


(4) 


(5) 


If  we  apply  Thevenin’s  theorem 


fixed  loading  to  produce  the  desired 
stage  bandwidth. 

One  alternative  that  might  be 
suggested  to  reduce  the  grid  time 
constant  is  to  use  a single-tuned 
coil  in  the  grid  circuit  and  feed  B 
voltage  through  the  loading  re- 
sistor. This  requires  higher  B 
voltage  and  greater  power  dissipa- 
tion from  the  power  supply  com- 
ponents. 

Comparison  of  Circuits 

It  is  necessary  to  show  that  a 
tuned  bifilar  coil,  as  represented  by 
Fig.  4A,  is  electrically  equivalent 
to  the  single-tuned  circuit  of  Fig. 
4B,  provided ; — 

L = (1) 


— 

The  equivalence  of  these  two  cir- 
cuits can  be  most  easily  demon- 
strated by  several  successive  appli- 
cations of  Thevenin’s  Theorem. 
Figure  5A  is  the  same  as  Fig.  4A 
redrawn  with  a constant  current 
generator  source  of  energy  added. 

If  we  consider  the  internal  and 
load  circuits  to  the  left  and  right 


to  Fig.  5B,  the  equivalent  circuit 
illustrated  in  Fig.  5C  is  obtained, 
where 


EaBi 

(6) 

Ri  + Za 

= 1 ! 1 

(7) 

— — 

Za 

One  more  application  of  Thev- 
eijin’s  theorem  results  in  Fig.  5D, 
where 


— ]uMEb 

Zb  + jwld 

(8) 

Zb  + \o)Li 

(9) 

it 

+ jwCj 

(10) 

Ec 

+ VR.  + j<.C, 

(11) 

Substitution  and  simplification 
will  result  in  Eq.  12  provided  k, 
the  coefficient  of  coupling,  is  set 
equal  to  unity  so  that  M = VLiLj. 


ip 


V^-  + 

1 Li  Ri 

Vi 

Ci  + 

^ 1 
j W\/ZllXl2 

(12) 
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But  Eq.  12  is  recognizable  as  the 
equation  for  the  response  of  a 
single-tuned  circuit  with  the  values 
set  forth  as  in  Eq.  1,  2 and  3. 

In  other  words,  a single-tuned 
circuit  whose  constants  are  so  de- 
fined will  be  electrically  equivalent 
to  the  bifilar  coupling  scheme. 
Hence,  the  bifilar  coil  will  have  the 
same  selectivity  curve  as  the  equiva- 
lent single-tuned  circuit  and  can  be 
treated  as  such  in  the  design  of 
stagger-tuned  amplifiers. 

For  the  special  case  of  a 1 to  1 
transformer,  Li  =Li,  Eq.  12  be- 
comes : 


■e*  = 


— to 


(13) 


This  is  the  equation  for  a single- 
tuned  coil  of  inductance  L — = Ls, 

having  the  same  input  and  output 
loading  and  capacities  as  the  bifilar 
coil.  In  other  words,  a 1 to  1 
bifilar  coil  will  produce  the  same 
selectivity  curve  and  the  same  gain 
bandwidth  factor  as  a single-tuned 
coil  with  the  same  capacitances 
and  loadings. 

If  we  consider  once  more  the 
general  case  where  Li  is  not  equal 
to  La,  Eq.  12,  then  it  can  be  shown 
that  by  selection  of  a proper  ratio 
between  Li  and  L„  an  improvement 
in  gain-bandwidth  factor  over  a 
single-tuned  coil  can  be  obtained 
provided  the  circuit  input  and  out- 
put capacitances  are  unequal. 

Consider  the  circuit  in  Fig.  6 
where  the  coupling  is  100  percent. 
Capacitance  Ca  is  greater  than  Ci  in 
the  circuit.  Let 


The  stage  gain  from  grid  to  grid 
is  given  by 

Gain  = ^ (14) 

and  the  bandwidth  by 

then 


gain  X A/  = 


Sm 

2.a(c.  + £;) 


(16) 


Equation  16  will  be  a maximum 
when 


^ ) ia  a.minimum  which  occurs 


C,-  j-a^O 


(17) 

(18) 


A = Vg  (19) 

That  is,  maximum  gain-band- 
width product  will  be  obtained  from 
such  a coupling  scheme  when  the 
turns  ratio  of  the  transformer  is 
set  equal  to  the  square  root  of  the 
capacitance  ratio.  Substituting  this 
value  in  Eq.  16, 


Max  gain  X BW  = ■ - (20) 

2ir(2  VCiCj) 

Compare  this  with  the  gain- 
bandwidth  product  for  a single  coil 
given  by 

G.i.XBW-  (21) 

When  Cl  = Ca,  the  equations  are 
equivalent  and  no  advantage  results 
from  the  bifilar  coil.  But  if  Ci  and 
Ca  are  not  equal,  a bifilar  coil 
will  possess  an  advantage  since 
2\/CiCa  will  be  less  than  Ci  -H  Ca. 

If  w = Ca/Ci,  the  advantage  of  a 
properly  designed  bifilar  trans- 
former over  a single  coil  becomes 
greater  as  this  capacitance  ratio 
is  increased.  In  an  unpublished 
paper,  H.  Goldberg  has  shown  the 
following  relationship  to  exist  be- 
tween m,  the  circuit  capacitance 
ratio  and  the  gain-bandwidth  ad- 
vantage over  a single-tuned  circuit. 
These  results  can  easily  be  checked 


Eq.  20  and  21. 

Gain-Bandwidth 

m 

Ratio 

2.0 

1.060 

2.6 

1.110 

3.0 

1.166 

4.0 

1.250 

5.0 

1.340 

15.0 

2.005 

The  above  analysis  indicates 
that  of  two  tubes  designed  to  have 
the  same  figure  of  merit,  the  one 
possessing  the  greater  inequality 
between  input  and  output  capaci- 
tances is  the  better  tube,  since  it 
is  possible  by  proper  design  ta 
secure  a higher  gain-bandwidth 
product. 


Turns  Ratio 

In  a television  i-f  amplifier  stage, 
the  ratio  between  input  and  output 
capacitance  depends  primarily  on 
the  tube  types  employed.  The 
capacitances  contributed  by  tube 
sockets,  leads,  and  coils  can  be 
minimized  by  careful  design,  but 
nothing  further  can  be  done.  Tubes 
such  as  the  6CB6  and  6AG5  have 
a higher  ratio  of  input  to  output 
capacitance  than  the  6AU6,  but 
even  their  use  would  not  provide  a 
value  of  m greater  than  2. 


FIG.  4 — Bifilar  coil  A is  electrical  equiv- 
alent of  single-tuned  coil  B 


An  increase  in  gain  of  only  six 
percent  could  be  obtained  by  in- 
creasing the  turns  ratio  on  the 
bifilar  coil.  To  wind  such  a trans- 
former is  obviously  more  difficult 
and  more  expensive.  Further,  as 
the  turns  ratio  is  made  larger,  it 
becomes  increasingly  more  difficult 
to  maintain  a high  degree  of 
coupling  between  coils.  For  these 
reasons,  it  has  generally  been  found 
niore  feasible  to  use  a 1 to  1 bifilar 
coil  for  interstage  coupling  in  com- 
mercial television  receivers. 

In  the  output  stage,  however,  a 
bifilar  coil  with  a step-up  turns 
ratio  provides  a very  convenient 
method  for  transforming  the  video 
diode  load  until  the  operating  Q of 
the  last  i-f  circuit  is  correct.  Here 
it  is  not  possible  to  obtain  the 
optimum  value  of  gain-bandwidth 
product  since  the  diode  load  re- 
sistor is  determined  by  considera- 
tions of  video  response.  If  Ro 
represents  the  diode  load  resistor. 
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the  equivalent  loading  across  the 
i-f  tuned  circuit  is  approximately 

. (22) 

where  iri  is  the  efficiency  of  rectifi- 
cation®. 

In  the  circuit  of  Fig.  2,  the  diode 
load  resistor,  as  determined  by 
video  design  limitations,  is  4,700 
ohms.  A practical  value  of  diode 
efficiency  is  50  percent.  Then,  by 
Eq.  22,  the  loading  on  the  last  tuned 
circuit  is  equivalent  to  4,700  ohms. 
The  bandwidth  of  this  circuit,  if  a 
1 to  1 transformer  or  a single  coil 


FIG.  5 — Successive  applications  of 
Thevenin's  theorem  shows  that  single- 
tuned  and  bifilar-coupled  circuits  are 
equivalent 

is  employed,  will  be  given  by 

where  Ct  = total  input  plus  output 
capacitance,  R = total  equivalent 
shunt  loading  and  the  gain  is  given 
by 

In  a typical  practical  amplifier 
Cr  is  equal  to  approximately  10  fiixt. 
Then  A/  = 3.4  me. 

The  particular  i-f  system  shown 
represents  a stagger-tuned  triple  of 
over-all  3-db  bandwidth  equal  to 
2.2  me.  Stagger-tuned  design  form- 
ulas indicate  that  the  broadest  in- 
dividual circuit  shall  have  a 3-db 
bandwidth  of  2.2  me.  The  problem 


is  not  to  obtain  maximum  gain  x 
bandwidth,  but  to  devise  some 
means  of  narrowing  the  bandwidth 
from  3.4  me  to  2.2  me,  and  then  to 
obtain  as  much  gain  as  possible 
with  that  bandwidth. 

In  Eq.  23  R and  Ct  are  the  para- 
meters over  which  we  have  some 
control.  The  most  obvious  method 
for  narrowing  the  bandwidth  is 
by  adding  fixed  capacitance.  But 
Eq.  23  and  the  gain  equation  show 
that  the  effect  will  be  to  narrow  the 
bandwidth  without  increasing  the 
gain. 

However,  it  is  possible  to  narrow 
the  bandwith  by  some  matching  de- 
vice, and  increase  the  gain  some- 
what at  the  same  time.  If  a bifilar 
coil  is  employed,  Eq.  3 indicates  that 
the  diode  loading  resistance  is 
multiplied  by  y/L^/L^.  The  tube 
plate  loading  is  simultaneously  re- 
duced by  a factor  y/LJL^  but  the 
plate  loading  resistance  is  so  large 
that  this  effect  is  unimportant. 

If  the  capacitance  on  the  plate 
side  of  Ts  in  Fig.  2 equals  8 iipl 
and  that  on  the  diode  side  equals 
2 fifjif,  then  the  equivalent  capac- 
itance for  Fig.  4B  according  to  Eq. 
2 is  given  by  C = 8N  + 2/N  where 
N = V-t'i/f'a  and  by  Eq.  3 1/R  = 
l/(4,700iV).  Therefore 


27r  X 4,700Ar  X^SiV  -f  IQ-i* 
= 2.2  X 10® 
iV'=  VOS  = 1.30 

That  is,  if  the  primary  and  sec- 
ondary inductances  have  a ratio  of 
1.68  to  1,  the  video  diode  load  will 
be  transformed  to  produce  the  de- 
sired bandwidth  of  2.2  me.  Then 
the  gain  = g„R  = 1.30  x 4,700  g„. 


FIG.  6 — Circuit  with  unequal  capaci- 
tances and  coupling  of  100  percent 


Hence,  an  increase  in  gain  of  30 
percent  over  that  obtainable  by 


adding  shunt  capacitance  is  realized 
through  use  of  a bifilar  coil. 

The  same  impedance  step-up,  and 
consequent  increase  in  gain,  could 
be  obtained  by  use  of  a suitable 
tapped  coil  or  capacitance  divider, 
but  the  bifilar  coil  is  the  simplest 
and  most  economical  scheme. 

Impedance  Transformer 

There  are  several  other  instances 
in  the  design  of  stagger-tuned  i-f 
amplifiers  where  the  use  of  a bifilar 
coil  as  an  impedance  transformer  is 
desirable.  For  example,  when  the 
transit  time  loading  of  the  tube  it- 
self becomes  almost  as  large  as  the 
desired  loading,  the  bifilar  coil  pro- 
vides a simple  means  of  decreasing 
this  loading.  One  disadvantage 
of  appreciable  tube  loading  is  poor 
noise  immunity.  Another  disad- 
vantage is  that  this  loading  varies 
between  tubes,  and  therefore  cannot 
be  relied  on  to  provide  uniformity 
in  production. 

A bifilar  coil  enables  the  tube  im- 
pedance to  be  stepped  up  and  the 
circuit  loaded  with  a close  tolerance 
resistor,  assuring  uniformity  of  re- 
sponse. As  mentioned  previously, 
a narrow  bandwidth  and  a high  i-f 
frequency  both  result  in  the  tube 
loading  becoming  appreciable.  It 
is  even  possible  in  some  amplifier 
design  for  the  tube  loading  to  ex- 
ceed the  desired  circuit  loading 
unless  some  step-up  is  employed. 

Another  instance  where  the  cir- 
cuit loading  may  exceed  the  re- 
quired loading  dictated  by  design 
considerations  is  the  plate  loading 
of  a triode  mixer.  Here  again,  a 
bifilar  coil  of  proper  turns  ratio 
may  be  employed  to  step  up  the 
mixer  plate  impedance,  so  that  a 
fixed  loading  resistor  can  be  used  to 
insure  circuit  stability. 

The  bifilar  type  of  construction 
lends  itself  most  readily  to  a close 
wound  assembly.  Hence,  the  coil  Q 
obtained  is  not  as  high  as  a space- 
wound  single  coil,  but  Q’s  of  the 
value  of  70  are  obtained  with  no 
difficulty,  and  this  is  sufficient  for 
most  applications. 

As  the  turns  ratio  between  wind- 
ings is  increased,  the  difficulty  of 
obtaining  coupling  approaching  100 
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percent  is  also  multiplied.  Also,  the 
winding  process  itself  becomes  more 
difficult  and  expensive.  All  of  the 
previous  derivations  were  based 
upon  the  assumption  that  100  per- 
cent coupling  existed  between  the 
coils.  If  a high  degree  of  coupling 
is  not  present,  the  bifilar  coil  is  no 
longer  equivalent  to  a single-tuned 
circuit,  so  that  more  than  one  reso- 
nant frequency  may  result.  Coils 
having  a step-up  ratio  as  high  as 
1.30  to  1 have  been  tried  with  no 
difficulties. 

A final  limitation  of  the  use  of 
bifilar  coils  is  the  fact  that  they  pre- 
clude the  usual  method  of  neutral- 
ization of  grid  to  plate  capacitance. 


Where  the  i-f  is  high,  and  the  stage 
gain  and  grid  to  plate  capacitance 
large,  it  may  be  necessary  to  pro- 
vide neutralization  of  the  grid-to- 
plate  capacitance  to  avoid  the 
dis-symmetry  of  the  response  curve 
resulting  from  feedback.  In  an  i-f 
amplifier,  this  neutralization  is  usu- 
ally provided  by  choice  of  a proper 
value  of  common  plate  screen  by- 
pass capacitor  that  enables  balanc- 
ing a capacitance  bridge  which  pre- 
vents the  feedback  of  output  voltage 
(plate  to  screen)  to  the  input 
terminals  (grid  to  ground).  Hence, 
the  plate  voltage  is  prevented  from 
coupling  back  to  the  grid  and  the 
tube  grid  to  plate  capacitance  is 


effectively  neutralized. 

When  a bifilar  coil  is  employed, 
the  r-f  voltage  developed  across  the 
bifilar  coil  primary  is  effectively 
shorted  across  one  leg  of  the  bridge 
by  the  bifilar  secondary  and  the 
balance  is  no  longer  maintained.  In 
other  words,  the  screen  of  the  tube 
is  effectively  grounded  by  the  sec- 
ondary of  the  transformer,  so  that 
neutralization  by  this  method  is 
impractical. 
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Determining  Form  Factors  of  I-F 
Transformers 


The  degree  of  coupling  of  a con- 
ventional i-f  transformer  can  be 
determined  readily  by  measuring 
the  bandwidths  at  two  levels  of 
attenuation  and  computing  the 
ratio  of  these  bandwidths.  This 
ratio  is  directly  related  to  the  coup- 
ling factor  of  the  transformer  and 
is  plotted  in  the  accompanying 
graph  to  facilitate  the  determina- 
tion. 

Development  of  Method 

The  selectivity  characteristic  of 
the  circuit  shown  on  the  graph  is 
given  by  the  well  known  (see  for 
example  J.  E.  Maynard’s  treatment 
in  Electronics,  p 15,  Feb.  1937) 
relation  given  at  the  top  of  the 
graph  with  the  terms  as  defined. 
The  assumptions  on  which  this  rela- 
tion was  derived  limit  its  validity 
to  the  practical  case  where  only 
frequencies  close  to  resonance  are 
of  interest;  that  is  (1)  the  Q’s  are 
constant  for  all  frequencies  close  to 
resonance,  (2)  the  Q’s  are  suffi- 
ciently high  so  that  the  inductive 
and  capacitive  reactances  are  equal 
and  parallel  and  series  resonances 
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occur  at  substantially  the  same  fre- 
quency, (3)  there  is  no  feedback  in 
the  associated  vacuum  tube  circuit 
and  (4)  the  tuned  circuits  are  cou- 
pled by  pure  reactance. 

This  relation  (at  the  top  of  the 


Trailsiormer  coupling  can  be  determined 
simply  from  this  chart  and  measurements 
at  bandwidth  at  two  levels  of  attenuation 
from  the  response  at  resonance 


graph)  can  be  solved  for  s giving 
the  result  shown  on  the  graph. 
This  expression  relates  the  de- 
parture from  resonance  s to  the 
coupling  factor  6 and  the  attenua- 
tion factor  u. 

The  factor  s and  therefore  the 
bandwidth  can  be  computed  for  any 
level  of  attenuation  by  substituting 
the  appropriate  value  of  u.  Let  Si 
be  defined  as  the  bandwidth  factor 
corresponding  to  an  attenuation  of 
6 db  below  the  response  at  the  reso- 
nant frequency;  u is  then  equal  to 
2.  Similarly,  corresponds  to  an 
attenuation  of  20  db  for  which  u 
is  10. 

Substituting  these  values  of  u 
and  writing  the  ratio  Sz/Si  gives  the 
final  equation  presented  on  the 
graph.  This  equation  is  plotted  as 
the  curve  of  the  graph  and  is  used 
in  determining  the  coupling  factor 
of  a transformer. 

Using  the  Graph 

The  ratio  Sa/Si  equals  the  ratio 
of  the  bandwidths  at  20  and  at  6-db 
attenuation.  The  coupling  factor  b 
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can  be  determined  for  a particular  value  of  6 from  the  graph.  was  made  arbitrarily  for  ease  and 

transformer  by  measuring  S2/S1  and  The  choice  of  6 and  20-db  levels  accuracy  of  performing  the  meas- 
then  reading  the  corresponding  for  the  bandwidth  measurements  urements. 

Measure  Coupling  Coefficient  in  Tuned 

R-F  Transformers 

By  S.  G.  FELDMAN  AND  M.  GOLDSTEIN 


In  the  design  of  proximity- 
coupled  double-tuned  transformers, 
the  measurement  of  the  coupling 
coefficient  in  terms  of  critical  coup- 
ling has  been  a tedious  process  pro- 
ducing less  than  accurate  results. 
The  measurement  can  be  simplified 
to  a great  extent  by  application  of 
the  equations  resulting  from  the 
analysis  of  double-tuned  trans- 
formers. 

Proximity  coupling  in  double- 
tuned  transformers  usually  consists 
of  the  resultant  of  inductive  coup- 
ling and  distributed  capacitive 
coupling  as  shown  in  Fig.  lA.  The 
more  common  methods  of  measur- 
ing the  amount  of  coupling  present 


FIG.  1 — ^Bosio  diagram  showing  contri- 
bution of  inductiTO  and  distributed- 
copacitonce  coupling 


usually  determine  the  inductive 
component  and  neglect  the  other  on 
the  assumption  that  the  capacitive 
coupling  component  is  very  small 
through  proper  design.  This  as- 
sumption is  erroneous  as  it  intro- 
duces a variable  parameter  that 


often  results  in  unaccountable  non- 
uniformity among  mass-produced 
transformers.  The  following 
method  will  measure  the  composite 
effect  of  both  types  of  coupling,  and 
evaluate  the  result  in  percent  of 
critical  coupling. 

Application  and  Measurement 

Referring  to  the  equivalent  cir- 
cuit of  a proximity-coupled  double- 
tuned  transformer  in  Fig.  IB, 
analysis  of  the  circuit  results  in  the 
following  equation : 


Q,  1 + {Ke/KbY 
where  the  following  terminology 
has  been  used 

Kl  — coefficient  of  inductive  coupling 

Kc  =>  coefficient  of  capacitive  oouplii^ 

Kb  = Kl  — Kc  =®  effective  coefficient  of 
coupling 

Kb  *=  ^/(QpQs)^  = ooefficiwit  of  critical 
coupli^ 

Rp  series  primary  resistance  at  reso- 

nimoe 

R,  = series  secondary  remstance  at  reso- 
nance 

Rp'  «>  effective  series  primary  resistance  at 
resonance 

Cp  B series  primary  capacitance  at  reso- 
nance 

Cs  » series  secondairy  capacitance  at 
resonance 

Lp  = eeriee  primary  inductance  at  reso- 
nance 

Lb  « series  secondary  inductance  at 
resonance 

Qp  *=  oLp/Rp  — primary  Q without 
secondary  coupled 

Qs  = wLs/Rs  — secondary  Q without 
primary  coupled 

Qp'  = uLp/Rp'  = effective  primary  Q 
with  secondary  coupled 

Lm  — Kl/{LpL3)\  = inductive  coupling 
component 

Cm  = {CpCs)i/kc  = capacitive  coupling 
component 

/ = resonant  frequency 

« = 2ir/ 

Equation  1 has  been  plotted  for 
values  of  Kb/Kr  up  to  2,  thus  devel- 
oping Fig  2. 


Interpretation  of  Eq.  1 indicates 
that  Qp'/Qp  is  a function  of  com- 
posite coupling  in  percent  of  criti- 
cal. Therefore,  to  evaluate  Eq.  1 
all  that  is  necessary  experimentally 
is  to  measure  Qp'/Qp.  With  th? 
aid  of  Fig.  2,  the  amount  of  effec- 
tive coupling  present  in  percent  of 
critical  can  be  readily  determined. 

One  of  the  more  simple  methods 
to  evaluate  Qp'/Qp  is  as  follows: 


FIG.  2 — Curve  for  determining  coupling 
coefficient  in  percent  of  criticol  coupling 


Using  a Q-meter  or  equivalent  cir- 
cuit, resonate  the  primary  winding 
at  the  proper  frequency  with  the 
secondary  winding  open,  or  shorted, 
or  detuned,  so  as  not  to  affect  the 
primary  Q (Fig.  3A).  Note  the  Q 
reading  as  being  equal  to  Qp.  Then 
tune  secondary  winding  to  reso- 
nance by  an  indication  of  minimum 
response  in  primary  Q reading 
(Fig.  BB).  Interaction  between 
primary  and  secondary  will  require 
a number  of  resettings  of  primary 
resonance  for  a maximum  Q read- 
ing. The  adjustments  should  be 
continued  until  no  further  inter- 
action is  noted.  The  new  reading 
obtained  is  Q/. 

Examples 

Example  1.  On  the  Q-meter  Qp 
reads  80;  0/  reads  40.  Thus, 
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Qp'/Qp  equals  0.5.  From  Fig.  2, 
Kb/Kr  is  equal  to  1.0,  or  the  trans- 
former is  critically  coupled. 

Example  2.  On  the  Q-meter  Qp 
reads  70;  Q/  reads'  20.  Thus, 
Qp'/Qp  equals  0.35.  From  Fig.  2, 
Ke/Kr  is  equal  to  1.35,  or  the  trans- 
former is  over-coupled.  To  obtain 
the  most  accurate  results,  certain 
safeguards  and  precautions  should 
be  included  in  the  measurement 
technique.  The  shunting  effect  of 
plate  resistances  and  input  grid  re- 
sistances of  tubes  must  be  simulated 
by  an  equivalent  resistor  across 
each  tuned  circuit.  The  transformer 
shield  can  should  be  used  and  also 
grounded.  The  secondary  winding 
should  be  properly  oriented  as  to 
phase  relationship.  In  making 
measurements  on  a transformer 
that  is  thought  to  be  over-coupled, 
the  reading  for  Qp'  must  be  consid- 
ered in  the  light  of  a double- 
humped response  curve.  Variation 
of  the  signal  frequency  source  will 
indicate  the  resonant  point  as  being 
a minimum  lying  between  two  maxi- 


FIG.  3 — Techniques  used  in  determining 
coefficient  of  coupling  with  Q-meter 


mum  indications  at  frequencies 
slightly  removed  from  the  resonant 
frequency. 

Conclusion 

Although  this  paper  is  intention- 
ally restricted  to  the  measuring  of 
the  percent  of  critical  coupling  pre- 


sent in  a double-tuned  transformer, 
it  may  also  be  applied  to  other  types 
as  well.  For  instance,  taking  the 
case  of  an  untuned  primary  coupled 
to  a tuned  secondary  transformer, 

Qp'/Qp  may  be  evaluated  with  the 
Q-meter  method  by  assuming  the 
tuned  winding  as  being  the  pri- 
mary. Then  Q,  will  be  the  reading 
obtained  with  untuned  winding 
open-circuited,  and  Qp'  will  be  ob- 
tained by  loading  the  untuned  wind- 
ing properly  with  a resistor  simu- 
lating the  desired  input  matching 
impedance.  The  ratio  Qp'/Qp  thus 
obtained  will  indicate  the  amount 
of  coupling  present  from  Fig.  2 in 

percent  of  optimum  coupling,  where 
optimum  coupling  is  equivalent  to 
the  condition  of  maximum  transfer 
of  power. 

Likewise,  though  all  the  above 
equations  are  derived  in  percent 
of  a reference  term,  their  absolute 
magnitudes  can  be  obtained  readily, 
in  most  cases,  by  evaluating  the 
reference  term. 


Graphical  Iron-Core  Reactor  Design 


Reactor  designers  are  usually 
plagued  by  the  mutually  hostile  re- 
quirements of  speed  and  an  opti- 
mum balance  of  the  parameters  in- 
volved in  the  design  of  reactors 
which  carry  both  direct  and  alter- 
nating currents. 

An  optimum  balance  means  the 
use  of  readily  available  parts  and 
standard  production  techniques,  a 
minimum  of  material  in  construc- 
tion, low  operating  noise  level  and 
good  thermal  and  insulation  char- 
acteristics. 

The  principal  difficulty  in  this 
problem  arises  from  the  nonlinear- 
ity of  the  magnetic  material  used 
in  core  structures.  This  makes  im- 
possible the  derivation  of  an  ex- 
plicit formula  which  could  give  ac- 
curately say,  the  size  and  weight  of 
a specified  reactor.  The  purpose 
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here  is  to  suggest  empirical  tech- 
niques for  doing  these  things. 

Model  theory  offers  a useful  ap- 
proach to  this  problem.  It  gener- 
alizes the  results  obtained  on  a 
sample  and  makes  possible,  in  effect, 
the  extrapolation  of  the  data  so  ob- 
tained. The  precision  of  data  ob- 
tained in  this  way  depends  on  how 
accurately  a unit  holds  to  scale 
with  this  sample,  or  prototype. 
Nevertheless,  even  if  the  scale 
factor  is  omitted  from  considera- 
tion, the  results  are  significant 
from  a design  point  of  view. 

An  important  result  of  the  kind 
discussed  is  the  relation : weight 
equals  kLF  where  weight  is  that 
of  either  core  iron  or  total 
core  and  coil  weight  (adjust- 
ment of  the  constant  k can  be 
performed  to  suit  one  requirement 


or  the  other  since  in  a line  of  geo- 
metrically similar  reactors  the 
winding  weight  will  be  a relatively 
fixed  percentage  of  total  core  and 
coil  weight)  ; L is  the  inductance, 
and  7 is  the  direct  current  in  the 
winding.  An  alignment  chart  is 
presented  in  Fig.  1 to  expedite  use 
of  this  relationship.  The  chart  is 
not  intended  to  give  actual  design 
figures  but  can  be  made  to  do  so  by 
reference  to  the  data  on  an  arbi- 
trarily selected  prototype  unit  and 
appropriate  vertical  displacement 
of  the  axes.  Greatest  accuracy  can 
be  secured  by  choosing  as  prototype 
a unit  somewhere  in  the  desired 
range  of  size  and  weight. 

A second  relation  gives  the 
weight  in  terms  of  the  time  con- 
stant, L/R,  of  the  reactor.  Here, 
R is  the  simple  ohmic  resistance  of 
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the  winding — L/R  equals  KW‘/^. 
The  form  of  this  eqi^iation  makes 
graphical  representation  very  sim- 
ple. Measurements  of  the  time  con- 
stant and  the  weight  on  a sing/e 
unit  are  used  as  the  co-ordinates  of 
a point  on  log-log  paper.  A 
straight  line  drawn  through  this 
point  with  a slope  equal  to  S com- 
pletes the  graph.  A typical  curve 
is  shown  in  Fig.  2. 

The  curves  must  be  used  with 
caution  since  generally  they  are 


displacement  of  vertical  axes 


valid  only  when  conditions  of  simi- 
larity to  the  prototype  are  main- 
tained. Va:rying  insulation  require- 
ments, cooling  considerations  and 
other  considerations  introduce 
error.  Nevertheless,  the  curves  are 
useful  for  estimating  purposes  and 
for  reducing  the  number  of  steps  in 
the  preliminaries  to  actual  design. 

Filter  reactors  for  use  with  poly- 
phase rectifier  systems  operate  at 
considerably  lower  excitation  levels 
than  corresponding  single-phase 
systems  for  the  same  output  volt- 
age. Since  permeability  is  an  in- 
creasing function  of  the  excitation 
up  to  some  maximum  characteristic 
of  the  material  used,  the  polyphase 
filter  reactor  will  in  general  be 
different  from  the  single-phase 
unit.  The  difference  will  not  be  so 
large,  however,  that  the  charts  will 
not  be  of  some  use  for  both. 

An  illustration  of  the  use  of  the 
curves  will  be  given  here.  Assume 
we  wish  to  design  a reactor  of  5 
henrys  at  1 amp  d-c.  The  insula- 
tion level,  excitation  and  thermal 
characteristics  will  be  neglected 
to  illustrate  the  technique. 

From  Fig.  1,  the  weight  will  be 
47  pounds.  From  Fig.  2 the  time 
constant  will  be  0.46.  Hence,  the 
nominal  resistance  will  be  5/0.46 
or  approximately  11  ohms.  On  the 
basis  of  the  information  now  avail- 
able the  required  lamination  size  is 


readily  determined. 

A square  center  leg  cross-section 
will  give  minimum  length  of  turn 
for  the  winding  for  a given  cross- 
section  area  so  that  using  minimum 
copper  weight  as  a criterion  the 
lamination  size  may  be  picked  out 
from  a table  of  lamination  sizes  and 
weights  per  square  stack.  Since 
the  resistance  is  known,  the  number 
of  turns  in  the  winding  may  be 

readily  determined  in  terms  of  the 
mean  length  of  turn  for  the  core 
size  chosen.  The  design  may  then 
be  refined  by  consideration  of  the 
factors  which  have  been  omitted 
up  to  this  point.  In  most  instances 
only  relatively  slight  changes  will 
be  required. 


FIG.  2 — Design  curve  for  finding  weight  of 
a single  reactor  unit  from  the  reactor  time 
constont.  L/R 


Wideband  Series-Parallel  Transformer 

Design 


Series-parallel  tuned  transform- 
ers may  be  used  to  match  a low-im- 
pedance transmission  line  to  a 
higher  impendance  line  (Fig.  lA), 
or  to  give  a fiat-band  connection  be- 
tween a low-impedance  line  and  the 
capacitive  input  or  output  of  an 
amplifier  (Fig.  IB).  Maximally- 
flat-response  formulas  are  based 
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upon  a filter  theory  approach  which 
uses  the  fact  that  the  series-parallel 
transformer  may  be  put  into  the 
form  of  a half-section  constant-k 
band-pass  filter  plus  an  ideal  trans- 
former. The  bandwidth  Afc  be- 
tween cutoff  frequencies  A and  fa 
of  the  constant-k  filter  becomes  the 
bandwidth  between  one-db  points  on 


the  corresponding  transformer.  Let 
f„  be  the  geometric  mid-frequency. 
We  then  have 

A — /i  = A/e=  Awc/27r  (1) 

V/1/2  = fm=  <am/^  (2) 

The  design  formulas  for  a maxi- 
mally-Hat  transformer  of  the  form 
shown  in  Fig.  1 may  be  expressed  in 
terms  of  A(o„,  the  generator  (or 
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FIG.  1 — Series-porallel  transformers  and 
normalized  response  curves  lor  various 
bandwidlh-to-midirequency  ratios 


load)  resistance  and  the  input 
(or  output)  capacitance  C2. 


Cl  = AWe/c0m®i2l 

Li  = [1  + (Awc/wm)“]f2l/Aw 
^2  “ \/^Ct>cC% 
hi  ■=  \ I (j3r,?Ci 


k 


= M/  VL1L2  = 


A Me/  Urn 

Vl  + (Amc/mot)® 


(3) 

(4) 

(5) 

(6) 

(7) 


FIG.  2 — Series-parallel  transformer  in 
equivalent-!  form  is  shown  in  (A).  In- 
ductive coupling  (B)  must  be  used  in 
balanced-to-unbalanced  transformers 

The  amplitude  response  of  this 
transformer  is  geometrically  sym- 
metrical about  fm,  with  a loss  curve 
given  by  p = 1 -f  i(Aa)/Acoe)‘ 
where  Aco  is  the  bandwidth  between 
any  two  points  of  equal  loss.  In 
Fig.  1C  loss  curves  are  plotted 
against  normalized  frequency  for 
three  values  of  the  ratio  = 

(/a  - fd/VlU 


Example  : A matched  input 
transformer  is  to  be  designed  to 
connect  a coaxial  line  (Ri  = 50 
ohms)  to  the  first  tube  (a  6AK5, 
Cg  = 8.5  fifit)  of  an  amplifier.  One- 
db  points  are  to  be  at  fi  = 80  me 
and  at  A = 120  me.  The  design 
formulas  give: 

Am,  = 2x  (120  - 80)  lO®  = 2.51  X 10» 
rad/seo 

M„  = 2jrVl20  X 80  X 10*  = 6.15  X 10* 
rad/sec 

Cl  = 13.27  Mpf 
Li  = 0.2325  ph 
Bt  = 468  ohms 
L,  = 0.311  fih 
k = 0.378 

It  may  be  preferable  to  build  the 
T (or  tt)  equivalent  of  the  trans- 
former as  shown  in  Fig.  2A.  Since 

M = ky/LiLg  = 0.102  /ih  in  our 
example,  La  = 0.130  fih.  and  = 
0.209  /Ah.  It  is  obvious  that  certain 
designs  may  call  for  a negative 
La  or  Li  and  so  cannot  be  built  in 
equivalent  T (or  v)  form.  In  the 
case  of  balanced  line  inputs  a con- 
struction such  as  that  shown  in 
Fig.  2B  may  be  used. 


Coil-Winder  Nomograph 

Methods  of  winding  reliable  universal,  interleaf  and  bobbin  coils  for  electronic  equipment, 
and  instructions  for  constructing  a nomograph  that  shows  minimum  coil-lot  size  at  which 
an  automatic  winder  becomes  more  economical  than  a manual  machine 


Electrical  coils,  vital  parts  of 
any  radio  or  tv  set,  undergo 
continual  redesign  either  to  im- 
prove performance  or  to  cut  costs. 
The  decision  of  the  production  en- 
gineer as  to  how  coils  should  be 
wound,  what  machines  should  be 
used,  and  how  the  machines  should 
be  set  up  becomes  more  and  more 
vital  as  military  requirements  call 
for  both  short  and  long  runs  of  en- 
tirely new  coil  designs.  With  the 
pool  of  skilled  manpower  dwindling 


By  CARL  E.  SULLIVAN,  JR. 

rapidly,  the  attractiveness  of  auto- 
matic coil-winding  machinery  in- 
creases correspondingly. 

Fortunately,  most  of  the  coils 
used  in  radio,  television  and  com- 
munication receivers  use  one  of  the 
following  three  types  of  construc- 
tion: (1)  Universal  or  lattice- 
wound  coil;  (2)  interleaf  coil;  (3) 
bobbin  coil. 

The  universal  coil  is  by  far  the 
most  familiar  to  the  electronic  en- 
gineer. This  coil  is  recognized  by 


its  open,  self-supporting  structure 
and  the  geometric  pattern  of  the 
multi-strand  Litzendraht  wire  lay. 
This  geometric  pattern  is  the  secret 
of  the  coil’s  high  Q,  high  induct- 
ance and  minimum  resistance. 
Typical  applications  are  for  peak- 
ing coils,  traps  and  flyback  trans- 
formers in  television  receivers. 

The  interleaf  coil,  characterized 
by  insulating  layers  of  paper  or 
acetate  sheet  between  layers  of 
wire,  is  used  in  power  transform- 
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ers,  audio  output  transformers  and 
filter  chokes.  It  is  generally  used 
with  a laminated  iron  or  steel  core 
and  for  these  applications  Is  square 
or  rectangular  in  shape. 

The  bobbin  coil,  least  used  for 
radip  and  tv,  is  simply  a single 
random  winding  in  a flanged  paper 
or  plastic  bobbin.  Its  purpose  is  to 
supply  a controllable  magnetic  field, 
as  in  the  focus  coil  of  a tv  receiver. 

Winding  Universal  Coils 

Machines  for  winding  universal 
coils  require  accurate  construction 
because  these  coils  are  self-sup- 
porting, depending  solely  on  their 
construction  for  'strength.  The 
wire  must  be  laid  down  in  an  accu- 
rate predetermined  pattern  that 
varies  with  the  size  of  the  wire,  the 
diameter  of  the  tube  and  the  turns. 

The  average  universal  coil  con- 
tains about  700  turns.  As  winding 
machines  run  between  700  and 
1,000  rpm,  winding  time  is  seldom 
longer  than  1 minute.  On  the  other 
hand,  the  time  required  to  handle 
or  prepare  the  coil  while  on  the  ma- 
chine is  comparatively  long,  and 
each  operation  must  be  repeated 
for  each  individual  coil. 

To  obtain  maximum  productivity, 
the  largest  coil  multiple  physically 
possible  should  be  used.  For  uni- 
versal coils,  common  practice  is  to 
wind  four  in  multiple  (four  coils 
at  a time).  An  additional  advan- 
tage of  a large  coil  multiple  is  that 
it  permits  a more  flexible  choice  of 
speeds.  Generally,  after  removing 
the  completed  coils  from  the  ma- 
chine the  operator  has  a finishing 
operation  to  perform  on  each  coil 
during  winding  of  the  next  set. 

Assuming  a unit  time  for  this 
operation  of,  say,  30  seconds,  the 
operator  would  be  busy  for  2 min- 
utes between  sets  with  a four-coil 
multiple,  but  only  1 minute  with  a 
two-coil  multiple.  With  the  larger 
multiple,  therefore,  it  is  possible 
to  wind  at  half  the  speed  of  the 
two-coil  multiple  and  achieve  the 
same  productivity. 

Lower  speed  is  a definite  advan- 
tage for  it  reduces  maintenance  on 
^e  machine  and  improves  the 
quality  of  the  winding  by  reducing 


vibration  and  improving  control  of 
wire  tension.  With  high-tum  coils, 
the  possibility  of  one  operator 
handling  two  machines  should  not 
be  overlooked. 

In  a winding  machine  for  univer- 
sal coils,  the  cam  speed  is  actually 
greater  than  the  spindle  speed,  for 
the  wire  goes  back  and  forth  across 
the  coil  several  times  per  revolu- 
tion. To  obtain  a compact,  strong 
coil  a very  fine  adjustment  is  re- 
quired so  that  with  every  revolution 
the  crossing  point  of  the  wire  is 
either  advanced  or  retarded  a small 
amount  to  make  each  turn  lock  the 
preceding  turn  in  position.  This 
amount  is  approximately  equal  to 
the  size  of  the  wire  being  wound. 
The  device  which  controls  this  spac- 
ing is  called  a gainer.  Its  correct 
setting  can  be  determined  only  by 
trial  and  error,  for  there  are  so 
many  variables.  The  gainer  adjust- 
ment is  stepless  and  permits  wind- 
ing a coil  for  any  degree  of  com- 
pactness, but  there  is  only  one 
setting  which  will  give  the  electrical 
and  dimensional  requirements  of 
any  one  specification. 

Manual  Interleaf  Machines 

In  manual  winding  machines  for 
interleaf  coils,  the  interleaf  paper 
is  inserted  by  the  operator  at  the 
completion  of  each  layer.  In  auto- 
matic machines,  the  interleaf  paper 
is  inserted  automatically  by  the 
machine  without  stopping  the 
arbor.  The  manual  machine  is  the 
more  popular  because  it  is  simpler, 
more  flexible  and  less  expensive. 
However,  each  machine  has  its  own 
merits  and  field  of  application. 

The  manual  machine  is  designed 
for  simplicity,  a minimum  of  ad- 
justments and  low  cost.  Coils  are 
wound  in  multiples  up  to  thirty  on 
arbor-supported  paper  tubes  16  to 
30  inches  long,  and  wide  sheets  of 
insulating  paper  are  inserted  by 
the  operator  between  each  wire 
layer.  Upon  completion,  the  stick  is 
marked,  removed  from  the  ma- 
chine, then  cut  into  individual  coils 
on  a band  saw. 

An  electric  motor  operating 
through  a friction  clutch  drives  the 
arbor  or  spindle,  and  this  in  turn 


drives  the  traversing  mechanism, 
usually  a leadscrew,  through  a gear 
system.  The  gears  are  selected  ac- 
cording to  the  size  of  the  wire  to 
be  wound.  Adjustable  stops  control 
reversal  of  the  leadscrew  as  dic- 
tated by  the  length  of  the  coil. 
Recent  development  of  manual  ma- 
chines has  concentrated  on  quick- 
change  mechanisms  so  that  a fe- 
male operator  can  quickly  change 
the  setup  of  the  machine  to  a new 
specification.  This  feature  makes 
the  manual  machine  especially 
adaptable  for  producing  coils  of 
few  turns  and  in  small-lot  quanti- 
ties. 

Commercial  coil-winding  con- 
cerns producing  coils  for  several 
users,  usually  in  small  quantities, 
are  mostly  equipped  with  manual 
machines  because  of  their  extreme 
flexibility.  Generally,  however,  they 
have  a few  automatic  machines  for 
high-production  stock  items. 

Automatic  Interleaf  Machine 

Equipment  manufacturers  who 
wind  their  own  coils  are  predomi- 
nantly equipped  with  automatic  ma- 
chines, as  their  runs  are  long.  The 
automatic  machine  can  be  run  at 
higher  speeds,  up  to  2,500  rpm,  as 
the  paper  is  inserted  at  full  speed, 
whereas  the  operator  must  slow 
down  while  inserting  manually. 
Furthermore,  since  the  entire  wind- 
ing operation  is  automatic,  the 
operator  can  perform  some  finish- 
ing operation  during  winding. 

The  automatic  machine  is  more 
expensive  and  inherently  more  com- 
plex than  the  manual.  Setup  time, 
too,  is  longer  on  automatics  when 
changing  over  from  one  coil  speci- 
fication to  another. 

Choice  of  Machine 

A production  engineer  fortunate 
enough  to  have  both  manual  and 
automatic  winding  equipment  at 
his  disposal  must  always  analyze 
each  coil  specification  closely  and 
decide  where  production  would  be 
less  costly — on  the  hand-fed  ma- 
chines or  on  the  automatics.  A 
nomograph  of  the  type  shown  in 
Fig.  1 can  be  worked  up  for  any 
specific  plant  to  aid  in  determining 
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whether  or  not  it  would  be  economi- 
cal to  place  a coil  on  an  automatic 
machine.  Handling  time  on  the  ma- 
chine when  the  wire  is  not  running 
is  the  variable  that  depends  on  the 
individual  plant  and  the  abilities  of 
its  mechanics. 

The  curves  shown  are  for  two 
different  ratios  of  handling  times, 
designated  for  convenience  as  class 
A and  class  B.  Usually  a plant  will 
make  two  or  even  more  distinct 
types  of  coils  having  different 
handling  times,  and  here  one  set  of 
curves  is  needed  for  each  type  on 
the  nomograph.  If  desired,  the 
curves  can  be  designated  more  spe- 
cifically by  t3T)e  names  such  as  Out- 
put, Type  1 or  Reactor,  Type  5,  as 
being  more  descriptive  of  the  types 
of  work  being  run  by  the  particular 
concern. 

Once  the  nomograph  has  been 
drawn,  its  use  is  simple.  Merely 
trace  across  from  the  desired  value 
of  coil  turns  to  the  appropriate 
upper  curve,  trace  down  from  there 


to  the  corresponding  lower  curve, 
then  trace  across  to  the  right-hand 
scale  and  read  the  minimum  eco- 
nomical lot  size  for  an  automatic 
machine. 

Winding  Bobbin  Coils 

Machines  for  winding  bobbin 
coils  are  the  simplest  of  all  in  con- 
struction. Since  the  flanges  of  the 
bobbin  support  the  coil,  a precise 
lay  of  wire  is  not  required  and  a 
gainer  mechanism  is  unnecessary. 
A wide  range  of  traverse  speeds  is 
required,  but  fine  regulation  is  not. 
Generally,  winders  for  bobbin  coils 
are  of  the  single-spindle  variety 
with  but  one  coil  being  wound  at  a 
time. 

Sometimes  two  or  more  single- 
spindle units  are  ganged  together 
on  a machine  to  operate  with  one 
common  traverse  mechanism.  The 
three-spindle  arrangement  lends  it- 
self to  extremely  high  operator  and 
machine  efficiency,  for  winding 
speed  can  be  so  adjusted  that  wind- 


ing time  equals  twice  the  handling 
time.  Two  spindles  of  the  machine 
are  always  running  while  the  oper- 
ator tends  the  third.  Just  as  she 
finishes  at  one  spindle  the  next  goes 
down  and  is  ready  to  be  tended. 

With  this  system,  one  coil  is  ob- 
tained for  every  handling  time.  The 
primary  rule  to  follow  when  plac- 
ing a coil  on  this  machine  is  to 
minimize  the  amount  of  handling  to 
be  done  at  the  machine.  These  ma- 
chines are  fitted  with  special  motors 
and  tensions  to  enable  high  winding 
speeds  (5,000  rpm),  and  every  ef- 
fort should  be  made  to  take  full  ad- 
vantage of  this  feature.  These  ma- 
chines can  be  purchased  with 
spindles  in  any  multiple  up  to  six, 
depending  on  the  type  of  coil  to  be 
run. 

This  discussion  has  been  limited 
to  general  over-all  considerations 
pertinent  in  any  plant,  in  an  effort 
to  clarify  somewhat  the  problems 
facing  the  coil  production  engineer. 


FIG.  1 — Example  of  nomograph  that  can  be  prefpared  for  any 
plant  to  determine  whether  automatic  or  manual  winding  ma* 
chines  are  more  economical  for  a particular  job.  In  construction 
steps  giren  below,  values  in  parentheses  are  those  for  plant 
and  coil  used  as  example  in  nomograph 

(1)  Find  average  winding  speeds  for  automotic  (1.500  rpm) 
and  manual  (1.000  rpm)  winding  machines 

(2)  For  one  representative  coil  (3.000  turns),  find  handling  time 
(total  time  on  machine  with  wire  not  running,  including  taping, 
inserting  taps  and  other  hand  work)  per  stick  for  the  automatic 
(101  sec)  and  manual  (83  sec)  machines 

(3)  For  some  coil,  find  winding  time  (total  turns  divided  by 
speed)  for  automatic  (120  sec)  and  manual  (180  sec) 

(4)  Add  handling  and  winding  times  to  get  total  time  for  auto- 
matic (221  sec)  and  manual  (263  sec) 

(5)  Divide  total  time  on  automatic  by  total  time  on  manual  to 
get  time  ratio  (0.84) 

(6)  Repeat  steps  2.  3,  4 and  5 for  the  some  type  of  coil  having 
different  turns,  and  plot  resulting  time  ratio  values  against  turns 
to  get  upper  curve  (500  turns  gives  1.07  ratio;  6,000  gives  0.77) 

(7)  For  first  coil  (3,000  turns)  find  difference  in  total  time  per 
stick  (263  — 221  = 42  sec)  as  time  gained  on  automatic  per 
stick  of  20  coils 

(8)  Find  setup  time  (total  time  to  readjust  machine  to  new  coil 
specification)  for  automatic  (1^2  hours)  and  manual  {V2  hour). 
Take  difference  (1  hour  or  3,600  sec)  and  divide  by  time  gained 
per  stick  on  automatic  (42  sec)  to  get  85.7  sticks  as  break-even 
point.  Multiply  by  coils  per  stick  (20)  to  get  minimum  lot  size 
(1.714  coils)  at  which  use  of  automatic  machine  is  justified 

(9)  Repeat  steps  7 and  8 for  coils  having  different  turns,  and 
plot  minimum  lot  size  against  time  ratio  values  to  get  lower 
curve  of  nomograph  (500  turns  gives  beyond-infinity  lot  size; 
6.000  turns  gives  705  coils  minimum  lot  size) 
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Resistor  Behavior  at  High  Frequencies 


Various  types  of  resistors  exhibit 
different  characteristics  when  oper- 
ating in  the  region  above  ten  mega- 
cycles, depending  on  their  physical 
size,  nature  of  resistance  element 
and  physical  location.  The  analy- 
sis of  an  isolated  resistance  element 
was  first  considered  by  Howe^  and 
later  by  Hartshorn®.  It  has  been 
found  that  experimental  values 
compare  quite  well  with  theoretical 
values. 

The  experimental  equipment 
used  in  determining  the  behavior 
of  resistors  at  high  frequencies  in- 
cludes two  G-R  resistance  bridges, 
a Measurements  Corp.  signal  gen- 
erator, and  a Hallicrafters  SX-42 
receiver  which  served  as  the  de- 
tector. Various  values  of  resistors 
between  50  and  77,000  ohms  were 
measured,  and  their  equivalent  re- 
sistances calculated  by  Hartshorn’s 
method.® 

It  was  found  that  for  standard 
types,  the  equivalent  resistance  of 
a resistor  decreases  more  rapidly 
with  frequency  for  high  d-c  value 
resistors  than  for  low-value  resist- 
ors. For  the  same  value  of  d-c  re- 
sistance, the  smaller  the  physical 
size  of  the  resistor,  the  better  are 
its  high-frequency  characteristics. 

The  carbon  type  proved  to  be 
superior  to  composition  for  high- 
frequency  work,  but  both  of  these 


types  are  inferior  to  resistors  made 
with  a carbon  coating  on  an  insula- 
tor. Wire-wound  resistors  are  too 
reactive  for  use  as  resistors  above 
about  10  me.  For  resistors  whose 
construction  permits  analysis  by 
Hartshorn’s  calculations,  the  ex- 
perimental and  calculated  values 
conform  within  10  percent.  Thus 
it  may  be  concluded  that  the  equiva- 
lent resistance  of  almost  any  re- 
sistor under  one  megohm  may  be 
predicted  with  fair  accuracy  from 
Hartshorn’s  curve,  shown  above. 
The  falling  off  of  resistors  of 
greater  d-c  value  may  be  explained 
qualitatively  by  combining  this  and 


Hartshorn's  curre  for  predicting  the  be- 
horior  of  resistors  at  high  frequencies. 
Distributed  capacitance  Cd  is  that  of  the 
isolated  rector  plus  the  proximity 
effects 


the  Boella  effect. 

The  Boella  effect®’*  theory  states 
that  the  molecules  of  the  resistance 
element  are  separated  by  minute 
insulators  which  form  capacitors. 
This  is,  however,  strictly  a quali- 
tative theory  and  would  be  ex- 
tremely difficult  to  analyze  on  a 
quantitative  basis.  This  effect  may 
be  neglected  for  values  less  than  one 
megohm ; higher  values  contain 
much  more  nonconducting  material 
in  their  composition,  thereby  giv- 
ing rise  to  an  increased  number  of 
the  minute  capacitors  mentioned 
above. 

This  experimental  verification  of 
the  theoretical  characteristics  of 
resistances  at  high  frequencies  was 
described  by  George  R.  Arthur  and 
Samuel  E.  Church  of  Yale  Univer- 
sity in  a research  report  for  the 
U.  S.  Signal  Corps  and  presented 
orally  by  H.  L.  Krauss,  also  of  Yale, 
at  the  1950  IRE  National  Con- 
vention. 
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Temperature-Compensating  Capacitor 

Nomograph 


Gives  directly  with  one  setting  of  a celluloid  triangle 
the  capacitance  values  required  when  two  tempera- 
ture-compensating capacitors  are  paralleled.  Solves 
problem  of  compensating  a tuned  circuit  when  a 
single  capacitor  having  the  required  temperature 
coefficient  is  not  available 

By  THOMAS  T.  BROWN 
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Cb  or  Cft  IN  }^F 

IF  Cb  is  used, 
READ  T^-Tr 
IF  C*  IS  USED, 
READ  Tj-Tb 


nomenclature: 


60 

Ct=  total  capacitance 

TO  BE  USED  FOR 
COMPENSATION  80 

c.  a Cb=  required  loo 

CAPACITANCE  VALUES  FOR 
PARALLELING  TO  GET  C^ 

REQUIRED  OVER-ALL 
TEMPERATURE 
COEFFICIENT  OF  Ct 

T = TEMPERATURE 
* COEFFICIENT  OF 

Tb=  TEMPERATURE 

COEFFICIENT  OF  Cg 
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Ta-Tb 

IN  PPM  PER  X 


Set-square  nomograph,  used  with  right-angle  sides  oi  any  celluloid  triangle 


ONE  of  the  most  common 
ways  of  compensating  for 
the  effect  of  temperature  coeffi- 
cients of  coils  or  capacitors  on 
the  frequency  of  a tuned  circuit 
is  by  the  use  of  ceramic  capaci- 
tors of  large  negative  coefficient 
in  parallel  with  the  normal  mica 
or  air-spaced  capacitor.  The  val- 
ues of  these  components  are 
usually  estimated  by  proportion 
and  trial  ^nd  error  to  get  an 
overall  temperature  coefficient  of 
zero.  The  accompanying  chart 
gives  these  values  directly. 

To  use  the  chart,  set  a triangle 
or  set  square  to  join  two  known 
values  on  two  parallel  scales. 
Then  move  the  triangle  back  or 
forward  along  the  line  of  inter- 
section until  its  right  - angle 
edge  cuts  the  third  value  on  the 
other  scale.  The  unknown  value 
is  then  read  off  where  this  edge 
cuts  the  remaining  scale;  i.e., 
each  side  intersects  two  values. 
A setting  of  three  values  on  one 
edge  is  not  valid. 

The  algebraic  sign  of  an  un- 
known value  obtained  from  a 
vertical  scale  will  be  the  same  as 
that  of  the  known  value  on  the 
other  vertical  scale. 

The  range  of  the  chart  can  be 
readily  extended  by  multiplying 
the  scales  by  factors  of  ten  in 
any  of  the  following  four  ways : 
all  four  scales,  two  parallel  scales, 
top  horizontal  and  right  vertical 
or  lower  horizontal  and  left  ver- 
tical pairs  of  scales. 

Example  1 

A fixed-frequency  oscillator  is 
tuned  by  a 400-/i/if  capacitor  to 
2 me.  The  coil  has  a tempera- 
ture coefficient  of  -f  40  parts  per 
million  per  degree  C,  and  it  is 
required  to  compensate  this  to 
zero  drift.  Capacitors  rated  at 
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+20  ppm  and  —220  ppm  are 
available.  What  are  the  values 
required  ? 

Solution.  Ct  =■  Ca  + Cb.  Tr 
— —40  ppm,  Ta  = +20,  Ta  = 
—220  and  Ct  = 400,  so  that 
Ta  — Tt  — +60  and  Ta  — Ta 
= +240. 

With  one  of  the  right-angled 
sides  of  a set-square  or  triangle 
on  the  nomograph,  join  the  point 
60  on  the  Ta  — Tt  scale  with  240 
on  the  T A — Tb.  Now  advance  the 
perpendicular  edge  of  the  set- 
square  until  it  cuts  the  Ct  scale 
at  400  ju/if,  still  keeping  the 
other  two  points  intersected,  and 
read  the  required  value  of  Ca  as 
100  /iju,f  at  the  intersection  on 
the  Cb  scale.  The  required 
values  are  thus  a lOO-ju/xf  capac- 
itor with  —220  ppm  temperature 
coefficient  and  a 400  — 100  = 
300  jjifif  capacitor  with  +20  ppm 
coefficient,  connected  in  parallel. 

Example  2 

In  a particular  wave  analyzer, 
the  low-frequency  waveform  is 
heterodyned  by  an  oscillator 
working  between  500  and  550  kc, 
and  the  harmonic  components  of 
the  modulated  wave  are  separ- 
ated by  a crystal  filter.  It  is 
desirable  to  have  this  oscillator 
free  from  frequency  variation 
due  to  changes  in  ambient  tem- 
perature. The  tuning  capacitor 
to  be  used  has  a range  of  50  to 
300  fijiif  with  the  low-tempera- 
ture coefficient  of  +20  ppm.  The 
coil  is  wound  on  a ceramic  form 
and  has  a coefficient  of  +80  ppm. 

Since  only  a 10-percent  fre- 
quency sweep  is  required,  it  will 
be  necessary  to  pad  out  the 
capacitor  to  reduce  the  capaci- 
tance sweep  to  20  percent ; at  the 
same  time  this  capacitor  can  be 
used  to  provide  temperature 
compensation.  A 950-fi/if  unit 
in  parallel  with  the  variable  ca- 
pacitor gives  a sweep  of  1,000  to 
1,250  /ijiif  providing  slight  over- 
lap at  the  ends  of  the  scale.  Ex- 
act temperature  compensation  is 
to  be  provided  at  the  center  of 


the  band,  which  is  1,125  /ijuf. 

Solution.  Let  Ct  = 1,125 

,u/if,  Ca  — 960  Ca  = 175 
/A/if,  and  Tb  = +20. 

The  overall  coefficient  of  the 
capacitor  combination  to  com- 
pensate for  the  +80  ppm  of  the 
coil  will  be  given  by  Tt  = —80, 
and  therefore  Tr  — Tb  = — 100. 

Multiplying  scales  Ct  and  Ca 
by  a factor  of  10,  with  112.6  jn/if 
on  the  Ct  scale  joined  to  95  /i/xf 
on  the  Ca  scale  by  one  edge  of 
a right-angle  triangle,  the  other 
edge  is  advanced  to  intersect 
100  on  the  Tt  — Ta  scale,  whence 
Ta  — Tb  is  read  as  118.  (Note 
that  since  the  scales  are  log- 
arithmic, the  signs  of  the  prod- 
ucts of  the  right  and  left  hand 
scales  will  be  the  same;  thus  Ta 
—Tb  = —118  since  Tt  — Tb  = 
— 100.  Should  the  corner  of 
the  triangle  fall  between  the 
scales,  as  happens  in  this  case, 
the  perpendicular  edge  can  be 
extended  by  bringing  a rule  or 
another  triangle  up  to  it.  Scales 
Ca  and  Tr  — Tb,  and  scales  Cb 
and  Ta  —Tt  may  only  be  used 
together,  otherwise  incorrect  re- 
sults will  be  obtained.) 

Now  Ta  — Tb  = —118,  so  that 
Ta  = —98  ppm,  which  is  the 
required  coefficient  for  the  950- 
ixfii  capacitor. 

It  is  interesting  to  check  the 
total  drift  at  the  two  ends  of  the 
band.  When  Ct  = 1,250  /i/if,  Ca 
= 950  /i/xf  and  Ta  — Tb  = —118 
and  from  the  nomograph  Tt  — 
Tb  = —90  and  Tt  = —70  ppm. 

When  Ct  = 1,000,  Ca  — 950 
[xfjif,  Ta  —Ta  = —118  and  from 
the  chart  Tr  — Tb  = —114  and 
Tr  = — 94  ppm. 

Therefore,  adding  these  values 
to  the  +80  ppm  of  the  coil,  it  is 
seen  that  the  drift  varies  over 
the  band  from  —14  to  +10  ppm, 
being  zero  at  the  center  fre- 
quency. Frequency  drift  would 
be  half  these  figures. 

A 950-/x/tf  capacitor  with  a 
negative  coefficient  of  98  ppm  is 
not  readily  available,  so  this 
again  will  have  to  be  another 


parallel  combination  of  two  ca- 
pacitors. Since  a silvered  mica 
capacitor  is  generally  a more 
stable  component  than  a ceramic 
capacitor,  it  will  be  better  to  use 
a large  mica  capacitor  with  a low 
positive  coefficient  and  a small 
ceramic  with  as  large  a negative 
coefficient  as  is  available.  As- 
sume this  to  be  —680  ppm,  and 
that  of  the  silvered  mica  to  be 
+20  ppm.  Then  Ta  - Ta  = 700 
and  Ta  — Tt  = 118,  and  from 
the  ndmograph  Ca  = 100  nfd 
(ceramic)  and  Ca  — 950  — 160 
= 790  ju.ju,f  (mica). 

Appendix 

Considering  the  incremental 
change  in  capacitance  of  two 
capacitors  in  parallel  having 
different  temperature  coeffi- 
cients, the  following  relationship 
holds:  Ca  = nCs  = [n/  (n  + 1)] 
Ct,  where  n = (Tb  — Tt)/(Tt 
— T a).  By  taking  logs  and  put- 
ting X = log  Ct,  y = log  {Ta  — 
Tb)  and  z = log  Cb,  four  simul- 
taneous equations  of  the  form 
Aa;  + B?/  + Cz  + Z)  = 0 are 
obtained,  which  in  determinant 
form  are 

1 0 0 — log  Cr 

0 1 0 — log  (Ta  — Tt) 

0 0 1— logCa 

1 1 -1— log  (T^x-  Tjj) 

These  can  be  converted  into 

log  {Ta  - Tb)  1 1 I 

log  (Ta  - Tr)  0 1 1 

logCr  10  1 

log  Cb  0 0 1 

and  are  now  in  standard  de- 
terminant form 


/(o) 

g{a) 

1 

1 

m 

ff(6) 

1 

1 

fh 

0(c) 

0 

1 

m 

0(d) 

0 

1 

satisfying  the  conditions  of  co- 
linearity of  the  coordinates  of 
any  four  variables  a,  b,  c and  d 
to  permit  the  construction  of  a 
set-square  nomograph.  The  sec- 
ond determinant  can  thus  be  in- 
terpreted as  two  vertical  pairs  of 
logarithmic  scales  spaced  unit 
distance  apart,  in  the  x,  y and 
jx,  jy  planes  respectively. 
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Adjustable  Temperature-Coefficient 

Capacitor 


In  some  special  radio-frequency 
circuits  where  a hi^rh  deg'ree  of 
thermal  stabilization  is  crucial,  a 
capacitor  with  an  adjustable  tem- 
perature coefficient  of  capacitance 
may  serve  a vital  purpose. 

Commercially  available  fixed  ca- 
pacitors may  be  used  in  conjunction 
with  high-quality  inductors  to  pro- 
duce tuned  L-C  circuits  with  some 
degree  of  thermal  stability  if 
proper  care  is  taken  in  selecting 
compensating  capacitors.  In  those 
cases  where  further  refinement  in 
frequency  stabilization  is  necessary, 
it  may  well  be  advisable  and  practi- 
cal to  use  a capacitor  with  a con- 
stant total  capacitance  and  an  ad- 
justment shaft  which  will  allow  a 
wide  variety  of  temperature  coeffi- 
cients to  be  selected  at  will.  Such  a 
capacitor  should  allow  temperature 
coefficients  (T-C  values)  over  a 
rather  large  range  and  provide  both 
positive  and  negative  T-C  values. 


1 4 L- 

I ' I 


FIG.  1 — ^Basic  idea  of  adjustable  temp- 
erature coefficient  capacitor 

The  principles  upon  which  a ca- 
pacitor of  this  type  may  operate 
are  illustrated  by  Fig.  1.  Two 
parallel  capacitors  are  coupled  elec- 
trically and  mechanically  so  that  a 
change  of  the  amount  of  dielectric 
in  one  capacitor  is  accompanied  by 
a compensating  (opposite)  change 
in  the  second  capacitor.  The  dielec- 
tric constants  and  and  plate 
geometries  are  chosen  to  keep  the 
total  shunt  capacitance  constant. 
Assuming  that  the  mechanical  dis- 
placements d and  the  corresponding 
changes  in  effective  electrode  areas 
are  the  same  for  both  capacitors, 
the  total  shunt  capacitance  will 


remain  constant  when 

Kv  ^ Kt 

Si  St 

where  Si  and  St  are  the  plate  sepa- 
rations corresponding  to  Ki  and 
Kt. 

Since  a capacitor  may  be  made 
in  which  two  different  dielectrics 
contribute  to  the  total  shunt  ca- 
pacitance, two  materials  with  dif- 
ferent temperature  coefficients  of 
dielectric  constant  may  be  selected. 
If  the  materials  have  coefficients  of 
opposite  sign,  a capacitor  of  this 
type  may  be  designed  to  have 
an  adjustable  T-C  value  over  a 
wide  range — possibly  even  passing 
through  a condition  of  zero  T-C. 

The  reliability  of  the  ceramic 
trimmer  type  of  adjustable-T-C  ca- 
pacitor leaves  much  to  be  desired. 
This  type  of  capacitor  ordinarily 
employs  fired-on  silver  electrodes 
and  a ceramic-to-silver  rubbing  con- 
tact acts  to  bring  more  or  less  of 
the  active  dielectric  into  the  cir- 
cuit. Mechanical  abrasion  effects 
often  act  to  deposit  small  amounts 
of  the  silver  electrodes  on  ceramic 
surfaces  which  should  be  ground 
flat  and  kept  clean.  Thus,  erratic 
capacitance  variations  are  often 
observed  when  such  capacitors  are 
used  in  circuits  where  a large  nuip- 
ber  of  capacitance  adjustments  are 
necessary.  For  many  trimmer-ca- 
pacitor applications  relatively  few 
adjustments  are  needed  and  vari- 
able ceramic  capacitors  given  satis- 
factory service. 

The  temperature  coefficients  of 
many  variable  ceramic  capacitors 
are  difficult  to  control  adequately. 
These  T-C  inconsistencies  often 
arise  as  a result  of  the  relatively 
high-K  materials  used  as  a dielec- 
tric. In  many  cases,  inconsistencies 
are  found  in  T-C  and  Q values  of 
these  capacitors  as  a result  of  mois- 
ture being  trapped  between  rotor 
and  stator  elements  even  for  capaci- 
tors employing  only  moderately 


high-K  dielectric  materials.  It  thus 
appears  that  for  the  maximum  de- 
gree of  consistency  the  variable- 
ceramic  capacitor  type  of  construc- 
tion should  be  avoided  in.  favor  of 
an  air-capacitor  arrangement. 

It  will  be  shown  how  a (fixed 
capacitance)  variable-T-C  capaci- 
tor can  be  designed  without  involv- 
ing the  difficulties  inherent  in  any 
solid-dielectric  variable  capacitor 
of  the  ceramic-trimmer  variety. 

Proposed  Capacitor 

A four-element  combination  of 
capacitors  can  be  made  in  such  a 
way  as  to  provide  an  equivalent  ca- 
pacitor which  will  maintain  a con- 
stant total  capacitance  and  provide 
an  adjustable  value  of  T-C.  The 
adjustable  elements  of  this  device 
can  be  air-dielectric  capacitors, 
thus  avoiding  the  diflSculties  en- 
countered with  ceramic-dielectric 
capacitors.  In  this  scheme  four  ca- 
pacitors are  connected  in  series- 
parallel  as  shown  in  Fig.  2.  One 
element  in  each  series  leg  is  a vari- 
able air-dielectric  capacitor.  These 
two  capacitors  C,  and  Cy  are  me- 
chanically coupled  so  that,  when 
they  vary  with  respect  to  each  other 
in  accordance  with  a predetermined 
law,  the  equivalent  capacitance  (of 
the  four-element  combination)  re- 
mains constant. 

If  the  series  capacitors  €x  and  Ct 
have  vastly  different  T-C  values, 
their  individual  effects  in  producing 
an  equivalent  T-C  depend  upon  the 
relative  amplitudes  of  C,  and  Cy. 
For  example,  if  the  T-C  of  Cx  is 
positive  and  the  T-C  of  C,  is  nega- 
tive the  total  circuit  will  have  a 
positive  or  negative  T-C  depending 
upon  the  contribution  to  the  total 
by  C,  or  Cy.  With  this  arrangement 
a capacitor  can  be  designed  which 
will  be  capable  of  maintaining  its 
capacitance  and  yet  be  adjustable 
in  T-C  from  a relatively  large  posi- 
tive value  to  a relatively  large  nega- 
tive value. 
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It  is  apparent  intuitively  from  a 
study  of  Fig.  2 that  for  the  widest 
latitude  of  variation  in  T-C,  (7*  and 
Cy  must  have  the  largest  possible 
range  of  adjustability.  In  addition, 
it  may  seem  fruitful  to  reduce  the 


FIG.  2 — Schematic  representation  of  ar- 
rangement for  obtaining  continuously 
varioble  temperatiue  coefficient  capaci- 
tor with  constant  vaiue  of  capacitance 

magnitudes  of  Ci  and  C2  to  an  abso- 
lute minimum  and  yet  maintain 
large  T-C  values  for  these  elements. 
This  procedure  introduces  difficul- 
ties, however,  since  capacitors  hav- 
ing small  capacitances  and  large 
T-C  values  are  less  predictable  in 
the  practical  case.  This  results 
from  the  fact  that  these  elements 
often  employ  relatively  high-K  ma- 
terials which  carry  into  any  elec- 
trical circuit  some  undesirable  in- 
stabilities. 

For  our  purposes  it  appears  to  be 
most  conservative  to  select  a circuit 
of  the  kind  proposed,  such  that 


C.  = Cy=€^  = C2  = C 
where  C„  and  C7„  are  the  nominal 
(mid-range)  values  of  capacitance 
for  the  respective  variable  air-di- 
electric capacitors.  For  this  case  it 
can  be  shown  that  the  condition  for 
constant  equivalent  circuit  capaci- 
tance is  given  by 


where 

ACy  = any  change  in  Cy  made  to  change 
the  equivalent  T-C  value,  and 

A C»  = the  corresponding  change  in  (7» 
necessary  for  a constant-capacitance 
condition. 

This  equation  describes  the  condi- 
tions for  tracking  (maintenance  of 
a constant  equivalent  capacitance) 
in  a capacitor  of  the  proposed  de- 
sign. If  a parallel-plate  construc- 
tion is  to  be  used,  one  air-dielectric 
capacitor  can  have  linear  capaci- 
tance variation  with  shaft  rotation. 
In  such  a case  the  other  variable 
capacitor  would  have  to  be  designed 
with  plates  shaped  in  accordance 
with  the  tracking  equation.  A fur- 
ther refinement  would  involve  plate 
shaping  to  make  the  two  variable 
air  capacitors  identical  in  contour. 

The  total  capacitance  per  unit 
volume  for  a capacitor  of  this  type 
will  ordinarily  be  about  one-fourth 
that  of  a conventional  air-dielectric 


capacitor.  The  fixed  capacitor  ele- 
ments of  the  proposed  four-capaci- 
tor combination  can  be  fixed  ceramic 
capacitors  which  will  add  a negli- 
ble  volume  to  the  total.  The  air 
capacitors,  however,  must  be  indi- 
vidually set  to  their  mid-values  (in 
order  to  allow  a T-C  variation  in 
two  directions), 

In  some  circuitry  problems  it 
may  be  possible  to  use  the  general 
scheme  described  without  going  to 
any  effort  to  achieve  mechanical 
tracking  through  the  use  of  a com- 
mon shaft  or  drive  mechanism.  A 
simple  four-capacitor  network  can 
be  employed  and  capacitance  con- 
stancy indicated  by  a frequency- 
measuring technique.  The  network 
will  be  applicable  to  the  individual 
circuit  where  it  is  used  but  no 
simple  T-C  characteristics  can  be 
attached  to  it  unless  the  capacitance 
. tracking  condition  is  satisfied. 
Such  a network  will  have  the  advan- 
tage of  using  only  commercially 
available  components  and  may  find 
some  application  in  critically  stabi- 
lized L-C  circuits. 

The  information  presented  here 
was  taken  from  NRL  Report  3689, 
by  John  A.  Connor.  The  original  re- 
port includes  mathematical  deriva- 
tions for  the  tracking  equation  and 
for  an  expression  for  the  effective 
temperature  coefficient  of  four 
capacitors  in  series  parallel. 


Checking  Crystals 


Maintenance  and  repair  of  mili- 
tary aircraft  radio  communications 
equipment  in  large  quantities  has 
evolved  a means  of  checking  crys- 
tals with  a fundamental  frequency 
in  the  region  between  6 and  13  me 
are  considered.  The  equipment,  the 
frequencies  and  the  procedures  can 
be  modified  slightly  to  include  many 
other  applications. 

The  equipment  is  arranged  as 
shown  in  Fig.  1.  Outputs  at  10, 100 
of  r,000-kc  intervals  can  be  selected 
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at  will  from  the  substandard  of  fre- 
quency. Each  of  the  receivers  is 
equipped  with  a beat-frequency 
oscillator  that  can  be  turned  off  if 
the  receiver  is  used  as  a detector  for 
beats  from  two  other  signal  sources. 

Direct  frequency  calibration  is 
provided  on  the  tuning  dials  of  the 
receivers  and  the  two  tunable  oscil- 
lators. Headphones  and  an  output 
meter  are  used  to  indicate  beat-fre- 
quency output  from  a receiver. 

Before  making  measurements,  the 


1,000-kc  crystal  frequency  of  the 
substandard  (6th  harmonic)  is 
checked  against  the  5-mc  standard 
frequency  signal  from  WWV  by 
feeding  both  these  signals  to  re- 
ceiver 1 tuned  to  6 me.  The  100-kc 
substandard  intervals  are  next 
checked  with  receiver  2 in  the  beat- 
frequency  condition.  Beats  should 
be  observed  only  at  each  100-kc 
scale  line  of  the  receiver  dial. 

With  receiver  2 set  nearly  to  zero 
beat  on  an  even  100-kc  mark  (for 
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example,  8 me)  the  10-kc  intervals 
are  then  switched  on  in  the  sub- 
standard. The  same  beat  frequency 
should  be  observed.  As  the  receiver 
is  tuned  slowly  towards  8.1  me,  it 
should  be  possible  to  count  ten 
beats.  Leaving  the  receiver  near 
zero  beat  at  the  tenth  count,  the 
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SIGNAL 


FIG.  1 — Complete  setup  of  receivers 
and  oscillators  for  crystal  calibration 

100-kc  interval  is  again  switched 
in  from  the  substandard.  The  beat 
frequency  tone  remains  the  same. 

Measurement  Method 

The  method  of  measurement  of 
crystal  oscillator  frequency  can  be 
most  clearly  followed  with  a numer- 
ical example.  Receiver  2 is  used  for 
crystal  frequencies  from  6 to  9 me, 
receiver  3 for  crystal  frequencies 
from  9 to  13  me.  Assume  that  the 


frequency  indicated  on  the  name- 
plate of  the  crystal  is  7,361.1  kc, 
which  will  be  called  /«.  Using  re- 
ceiver 2,  set  the  6-13  me  oscillator 
accurately  to  the  substandard  10-kc 
harmonic  that  lies  somewhere  be- 
tween 10  and  20  kc  below  L. 

In  this  example,  the  oscillator  will 
be  set  to  7,350  kc  and  this  frequency 
will  be  called  /«.  The  10-20-kc  os- 
cillator is  then  turned  on  to  modu- 
late the  7,350-kc  output  and  produce 
an  upper  sideband  output  adjustable 
from  7,360  to  7,370  kc. 

The  frequency  of  the  10-20-kc 
oscillator  will  be  called  A/.  The 
value  of  / is  adjusted  to  produce 
zero-beat  in  the  receiver  output  be-^ 
tween  the  crystal  and  the  upper 
sideband  frequency  of  the  6-13  me 
oscillator.  The  true  crystal  fre- 
quency f is  obtained  by  adding  the 
values  of  f,  and  A/. 

The  output-meter  is  used  as  a 
zero-beat  indicator  when  bringing 
the  6-13  me  oscillator  to  zero  beat 
with  the  desired  10-kc  harmonic  of 
the  substandard.  To  establish  the 
modulation  frequency  A/  of  the 
10-20-kc  oscillator  it  is  necessary  to 
beat  the  crystal  frequency  and  the 
modulated  output  of  the  6-13-mc 
oscillator  together  in  receiver  2. 

The  10-20-kc  oscillator  is  tuned 
approximately  to  11.1  kc  (for  this 
case  the  value  of  fe-fo)-  Near  this 
setting  and  with  the  receiver  gain 
reduced  to  prevent  pickup  of  an  un- 
desired sideband  output  (/«  -|-  2 A/) 
a relatively  clean  beat  output  tone 
of  low  frequency  should  be  obtained 
from  the  receiver.  This  signal  cor- 
responds to  pickup  of  the  desired 
sideband  output  (/»  -f  A/).  It  is 
distinguished  from  pickup  at  the 
undesired  sideband  by  being  free  of 


extra,  high-frequency  beat  com- 
ponents. 

The  receiver  should  be  tuned  to 
maximum  beat  output  and  then  the 
10-20-kc  oscillator  adjusted  for 
zero-beat  output  using  the  output 
meter.  If  this  reading  of  A/  should 
come  out  11.65  kc,  this  value  will 
then  be  added  to  7,350  (/„)  giving 
an  actual  crystal  frequency  f of 
7,361.65  kc.  The  error  (f-fc)  based 
upon  the  value  stamped  on  the 
crystal  holder  will  then  be  + 0.55 
kc  or  the  percentage  error  will  be 
-1-  0.00748  percent. 

If  the  actual  crystal  frequency  f 
should  be  such  that  zero-beat  set- 
ting of  the  10-20  kc  oscillator  lies 
off  its  tuning  range,  it  will  be  neces- 
sary to  re-establish  the  setting  of 
the  6-13-mc  oscillator. 

Suppose  the  actual  crystal  fre- 
quency f had  been  7,359.3  kc  instead 
of  7,361.65  used  in  the  example.  It 
would  then  be  necessary  to  tune  the 
10-20-kc  oscillator  to  a A/  value  of 
9.3  kc. 

Since  this  value  is  not  at- 
tainable, /„  (the  6-13-mc  oscillator) 
must  be  reset  to  a new  lower  value 
of  7,340  kc.  The  value  for  A/  will 
then  be  19.3  kc. 

Similarly,  if  the  actual  crystal 
frequency  were  much  higher  than 
its  nameplate  value,  it  would  then 
be  necessary  to  reset  the  6-13-mc 
oscillator  to  a new  higher  value  of 
7,360  kc.  In  either  case,  the  actual 
frequency  of  the  crystal  is  given  by 
/ = /o  + A/. 

Receiver  4 is  used  as  a detector 
for  beats  between  the  substandard 
10-kc  intervals  and  the  20th  har- 
monic of  the  10-20-kc  oscillator 
when  it  is  desired  to  check  the  fre- 
quency calibration  of  the  latter 
unit. 


Tester  for  VR  Tubes 

By  STEPHEN  S.  PESCHEl 


Voltage-regulator  tubes  fre- 
quently light  up  or  glow  when  they 
are  not  functioning  properly — not 
stabilizing  the  voltage  at  the  load 


terminals.  When  used  to  stabilize 
an  oscillator  circuit  for  instance, 
they  may  flash  on  keying  without 
going  out,  and  give  all  outward  ap- 


pearances of  working  properly,  but 
in  reality  they  may  be  loafing  on 
the  job.  Where  voltage-regulation 
of  the  order  of  1 percent  may  bs 
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needed,  tests  may  disclose  an  actual 
regulation  of  5 percent.  Where 
such  tubes  are  used  in  the  series- 
type  of  electronically-regulated 
power  supply  for  voltage  reference, 
it  is  also  important  to  use  VR  tubes 
that  work  properly. 

With  very  rare  exceptions  new 
VR  tubes,  when  operated  properly, 
do  stabilize  voltages  within  the 
limits  stated  in  tube  handbooks. 
However,  accidental  current  over- 
loads will  impair  their  operation, 
and  frequently  make  them  entirely 
useless  as  regulators.  Unless  the 
gaseous  discharge  or  glow  changes 
to  an  arc  discharge  and  actually 
burns  the  tube  completely,  the  tube 
may  appear  to  glow  normally.  Some 
sort  of  a checker  is  needed  to  test 
these  tubes. 

Reviewing  theory  briefly,  VR 
tubes  are  specially  constructed 
gaseous  glow  tubes  which  maintain 
a rather  constant  voltage  drop 
when  current  through  them  is 
varied  over  quite  a range.  A 
fundamental  voltage-stabilizing  cir- 
cuit using  a VR150  is  shown  in 
Fig.  1.  The  limiting  resistor  is 


FIG.  1 — Fundamental  voltage  - regulating 
circuit  using  VR150 


FIG.  2 — Experimental  setup  lor  demon- 
strating filtering  action  of  VR  tube 


necessary  to  limit  tube  current  to  a 
safe  value.  The  resistance  is  gen- 
erally selected  to  permit  maximum 


permissible  current  thru  the  VR, 
say  30  ma,.  with  load  disconnected. 
Its  value  is  calculated  by  dividing 
tube  current  into  the  voltage  differ- 
ence (supply  voltage  less  tube 
drop).  In  the  above  example, 
R = (300  — 150/30  ma  - 5,000 
ohms. 

The  supply  voltage  should  be 
higher  than  the  starting  voltage, 
which  is  generally  about  30  percent 
higher  than  the  operating  voltage. 
A high  supply  voltage  calls  for  a 
high  limiting  resistor,  which  aids 
regulation. 

Referring  to  Fig.  1,  with  no  load 
(switch  open)  and  R adjusted  for 
maximum  permissible  current  thru 
the  VR150,  say  30  ma,.  obviously 
both  milliammeter-s,  Mt  and  will 
indicate  the  same  current  of  30  ma. 
With  load  rheostat  set  at  full  20,000 
ohms  and  the  switch  closed,  Ma  will 
indicate  the  load  current  of  7.5  ma, 
Ma  will  decrease  from  30  to  22.5  ma, 
and  Ml  will  read  the  sum  of  M*  and 
Ma  or  30  ma.  As  the  rheostat  is 
slowly  cut  out,  M»  will  increase  at 
the  same  rate  as  Ma  decreases,  until 
the  VR  tube  goes  out.  Then  Mi  and 
Ma  will  read  the  same,  and  Ma  will 
be  zero. 

The  more  commonly  used  VR 
tubes  will  regulate  to  within  1 to  3 
volts  out  of  105  or  150  volts,  when 
tube  current  is  varied  between  5 
and  30  ma.  At  smaller  current 
variations,  voltage  regulation  will 
naturally  be  better. 

Since  VR  tubes  will  regulate 
against  very  rapid  current  fluctua- 
tions, they  will  also  regulate 
against  a-c  ripple  voltage,  which 
may  be  likened  to  a periodic  current 
variation.  The  use  of  VR  tubes  on 
a poorly  filtered  power  supply  fre- 
quently produces  results  ordinarily 
obtained  through  the  use  of  an 
additional  section  of  filter.  The 
filtering  action  of  VR  tubes  may  be 
easily  demonstrated  by  a simple  ex- 
periment, Fig.  2. 

With  all  load  resistance  in  the 
circuit,  and  the  VR  tube  glowing,  a 
faint  hum  may  be  heard  in  the 
phones.  As  the  10,000  to  15,000- 
ohm  rheostat  is  decreased,  a point 
will  be  reached  where  the  glow  will 


disappear,  at  which  time  the  hum  in 
the  phones  will  increase  consider- 
ably. Measurements  with  any  a-c 
vtvm  capable  of  reading  a few  milli- 
volts will  show  approximately  a 
hundred-fold  reduction  in  ripple, 
when  measured  across  the  power 
supply  and  then  across  the  VR  tube. 

One  method  of  checking  VR  tubes 
amounts  to  an  examination  of  the 
voltage-current  characteristic  by 


FIG.  3 — ^Methods  for  determining  voltage- 
current  (A)  and  hum-reducdon  (B)  charac- 
teristics of  voltage-regulator  tubes 


varying  tube,  current  while  noting 
the  change  in  voltage  drop  across 
the  tube.  Fig.  3A.  While  the  cur- 
rent is  varied  between  5 and  30  ma, 
tube  drop  may  change  from  153  to 
150  volts.  Unless  a large,  open-scale 
voltmeter  is  used  it  may  be  difficult 
to  see  this  small  change.  Greater 
accuracy  may  be  obtained  by  in- 
serting a fresh  B battery  of  135 
volts  in  series  with  the  voltmeter 
and  in  opposition  to  normal  current 
flow,  to  buck  out  all  but  some  15 
volts.  A low-range  vtvm  may  then 
be  used,  when  a differential  of  2 or 
3 volts  will  be  more  readily  notice- 
able. 

The  second  method  of  checking 
VR  tubes  takes  advantage  of  the 
fact  that  the  filtering  action  of  the 
tube  goes  hand  in  hand  with  regu- 
lating ability.  An  average  VR105, 
for  instance,  regulates  better  than 
the  average  VR90;  it  also  attenu- 
ates ripple  better.  A simple  circuit. 
Fig.  3B,  illustrates  this  type  of  VR 
tube  checker. 

A VR  tube  checker  with  a small 


COMPONENTS 


201 


FIG.  4 — Circuit  diagrom  of  simple  VR  tube 
checker.  Use  is  made  of  internal  jumpers 
to  complete  circuits 


self-contained  power  supply  was 
constructed,  and  more  than  100 
various  VR  tubes  were  checked  to 
demonstrate  its  usefulness.  As 
shown  in  the  schematic  of  Fig.  4, 


a separate  socket  for  each  type  was 
installed.  Advantage  was  taken  of 
the  built-in  jumper  within  the  tubes 
to  complete  both  the  power  circuit 
and  the  metering  mrcuit.  Limiting 
resistors  were  adjusted  to  pass  ex- 
actly 15  ma  thru  any  type  of  VR 
tube  during  test. 

Only  one  tube  was  tested  at  one 
time,  by  plugging  it  into  the  appro- 
priate socket,  and  reading  the  hum 
in  millivolts  on  a Ballantine  a-c 
vtvm.  The  double-throw  pushbut- 
ton enabled  reading  the  power  sup- 
ply hum  voltage  ahead  of  the  VR 
circuit.  Since  the  power  supply 
hum  voltage  remained  constant  at 
2.25  volts,  the  push  button  was  not 
often  used. 

The  results  of  these  comparative 
checks  which  are  listed  in  Table  I, 
show  that  good  tubes  had  low  ripple 
and  were  constant  in  the  value  of 
ripple.  Defective  tubes  showed  a 
high  ripple  and  in  addition  some  of 
these  had  wide  fluctuations  in  rip- 
ple output,  in  one  case  30  to  80  mv. 
This  last  group  was  seen  to  flicker. 


due  to  periodic  changes  in  the  areas 
where  the  glow  took  place. 

Some  of  the  tubes  tested,  particu- 
larly the  OA  2 series,  were  defi- 


Table  1 — ^Results  of  Tests  on  100  VR  Tubes 


Tube 

Type 

Good 
Tubes 
(mv  hum) 

Best 

Tubes 

(as 

low  as) 

Bad 

Tubes 

(as 

high  as) 

OA2 

25  mv 

18  mv 

80  mv 

VR150 

19  mv 

12  mv 

45  mv 

OB2 

11  mv 

7 mv 

25  mv 

VR105 

13  mv 

10  mv 

23  mv 

VR90 

36  mv 

28  mv 

60  mv 

VRT.'S 

17  mv 

15  mv 

24  mv 

nitely  known  to  be  defective,  as  they 
were  removed  from  equipment  for 
that  reason.  Most  of  these  had 
been  overloaded  considerably,  which 
accounts  for  the  high  average  rip- 
ple in  the  OA2  series. 

The  rest  of  the  averages  bear  out 
tube  handbook  data,  particularly 
that  the  VR105,  and  its  miniature 
counterpart,  the  OB2,  appear  to  be 
most  efficient. 


Precision  VR  Tube  Tester 


When  an  unusually  constant  volt- 
age is  desired,  careful  selection  of 
VR  tubes  is  necessary  as  these 
tubes  vary  noticeably  in  their  oper- 
ating characteristics.  A simple  cir- 
cuit for  predetermining  the  reli- 
ability of  VR  tube  performance  is 
shown  in  the  diagram. 

Ideally,  the  voltage  drop  across 
the  VR  tube  is  constant  throughout 
its  rated  current  range;  however, 
many  tubes  do  not  give  a uniform 
regulating  characteristic.  Small 
transients  caused  by  line  variations 
or  other  reasons  result  in  changes 
in  voltage  drop  across  the  tube  with 
consequent  changes  in  regulated 
output.  These  results  are  virtually 
independent  of  tube  age,  and  new 
tubes  are  sometimes  among  the 
worst  offenders. 

Thus  to  test  VR  tubes  properly, 
it  is  necessary  to  examine  each 
tube  over  its  entire  operating  cur- 


Circuit  for  testing  VR  tube  over  Its 
operating  current  range 


rent  range,  while  employing  a sen- 
sitive detecting  device  to  indicate 
voltage  variations. 

The  tube  selector  circuit  has  been 
developed  by  0.  B.  Rudolph  and 


described  in  Rev,  Sci.  Inst.,  May, 
1950.  By  throwing  the  switch  to 
position  2,  a well-filtered  d-c  output 

will  be  obtained  which  can  be  used 
for  preheating  the  tube  undergoing 
test  if  desired  and  also  for  checking 
firing  voltage  which  will  be  indi- 
cated on  the  voltmeter.  With  the 
switch  in  position  1,  pulsating  d-c 
voltage  will  be  applied  to  the  tube 

for  precision  checking  of  the  over- 
all voltage-current  characteristic. 
The  milliamrneter  indicates  rms 
current  and  care  should  be  exer- 
cised to  prevent  the  peak  value  of 
the  current  from  exceeding  40  ma. 

Shown  in  the  illustration  are 
three  of  the  various  types  of  oscil- 
loscope traces  which  have  been  ob- 
tained from  different  tubes.  The 
trace  at  left  is  ideal  and  the  only 
one  acceptable  for  many  applica- 
tions. 
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Testing  Transistors 

Simple  test  circuit  using  two  pentodes  gives  direct  currents  and  voltages  at 
operating  point,  corresponding  a-c  values  for  zero  and  infinite  collector  load- 
resistance,  and  current  and  voltage  amplification  values.  Resistance  coefficients 

are  then  easily  calculated 

By  K.  LEHOVEC 


SINCE  the  transistor  is  now  com- 
mercially available  from  differ- 
ent manufacturers,  a simple  method 
for  testing  which  still  yields  rather 
extensive  information  becomes  of 
wider  interest. 

If  all  a-c  components  are  suffi- 
ciently small,  a linear  relation  holds 
between  the  alternating  current  i, 
through  the  emitter  and  the  alter- 
nating current  ic  through  the  collec- 
tor on  one  hand,  and  the  a-c  voltage 
emitter-base  v,  and  the  a-c  voltage 
collector- base  Vc  on  the  other  hand: 

Ve  = Rll  ie  "1"  -^12  ic 

Vv  = Rn  ie  "h  Ra  ie  (1) 

The  four  coefficients,  Ri„  Ra,  R^i 
and  R^,  may  be  used  to  describe  the 
operation  of  the  transistor  at  a par- 
ticular operation  point,  given  for 
instance  by  the  direct  currents.^ 
The  coefficients  are  practically  inde- 
pendent of  frequency  up  to  several 
hundred  thousand  cycles. 

In  Table  I some  of  the  most  im- 
portant circuit  qualities  of  the  tran- 
sistor are  expressed  in  terms  of 
these  coefficients.  A convenient 
method  of  measuring  the  coeffi- 
cients is  described.  It  is  hoped  that 
it  may  contribute  to  the  establish- 
ment of  a standardized  method  for 
test  and  characterization  of  tran- 
sistors. 

Test  Circuit 

The  characteristic  feature  of  the 
test  circuit  is  the  use  of  a pentode 
in  the  emitter  circuit  and  a pentode 
in  the  collector  circuit,  both  oper- 
ating in  the  saturation  range.  Thus 
the  direct  current  through  emitter 
and  collector  can  be  adjusted  inde- 
pendently of  the  emitter  impedance 
or  the  collector  impedance  of  the 


transistor  by  a proper  bias  voltage 
at  the  grid  of  the  pentodes.  By 
modulation  of  the  grid  voltage  of 
the  pentode  in  the  emitter  circuit, 
an  alternating  current  i.  = 100  mi- 
croamperes rms  at  5,000  cps  is  pro- 
duced. This  current  is  usually  found 
to  be  sufficiently  small  so  that  dis- 
tortion of  the  sine  wave  by  the 
transistor  may  be  neglected. 


If  the  d-c  bias  at  the  grid  of  the 
pentode  in  the  emitter  circuit  is 
changed,  a small  adjustment  of  the 
a-c  grid  voltage  may  be  needed  to 
keep  the  a-c  emitter  current  con- 
stant. That  can  be  avoided  by  using 
two  pentodes  in  parallel  in  the 
emitter  circuit,  one  as  adjustable 
d-c  current  generator  and  the 
other  as  fixed  a-c  current  generator. 

For  the  calculation  of  the  coeffi- 
cients it  is  sufficient  to  measure  v. 


and  ie  at  zero  collector  load-resist- 
ance, and  Ve  and  Vc  at  infinite  col- 
lector load-resistance.  The  dpdt 
switch  iSa  in  position  A shunts  the 
pentode  in  the  collector  circuit  by  a 
capacitance  of  1 juf  and  enables  the 
a-c  collector  current  to  be  measured 
at  practically  zero  a-c  load  resis- 
tance (the  collector  impedance  is  of 
the  order  of  20,000  ohms). 


With  switch  S2  in  position  B,  the 
pentode  in  the  collector  circuit  is 
shunted  by  the  capacitance  in  series 
with  a 5-megohm  resistance.  This 
avoids  sudden  charge  currents  of 
the  capacitance  after  changes  in 
the  switch  position  and  provides  a 
practically  infinite  a-c  load  resist- 
ance in  the  collector  circuit. 

Equipment  Used 

The  test  setup  includes  an  elec- 


Complete  equipment  ior  testing  transistors.  Left  to  right:  Electronic  a-c  voltmeter; 
vtvm  for  d-c  emitter  voltage;  test  unit,  with  transistor  on  three-terminal  panel  in  fore- 
ground; vtvm  for  d-c  collector  voltage;  audio  signal  generator.  Jacks  on  test  unit 
permit  quick  connection  of  additional  precision  meters  and  experimental  connections 

to  pentode  grids 
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Test  circuit  for  transistors.  Batteries  ore  used  throughout,  with  on-off  switch  in 
heater  circuit.  Collector  and  emitter  leads  are  automatically  shorted  to  base  when 

transistor  is  removed 


Table  I — Important  Circuit  Qualities  of  Transistors 


(1)  Short-circuit  stability 5 = 


< 1 


(2)  Input  impedance Rn  — 

(collector  Ipad-resistance  is  Ri,) 

(3)  Output  impedance Rn — 

(external  resistance  in  emitter  circuit  is  Rg) 

(4)  Power  agiplification 

(output  power/input  power) 

(5)  Maximum  current  amplification . 

(zero  load) 

(6)  Maximum  voltage  amplification . 

(infinite  load) 


Rn  R22 
Ri2  R21 


Rn  + Rl 

Ri2  R21 
R]\  + Rg 


Rn  R22  (Rl  + R22)  (1  — 5 -|-  Rh/Rn) 

R21 

Rn 


R2 


Rn 


The  following  values  refer  specifically  to  5 < 1 and  a load  resistance  matched 
for  maximum  available  power  amplification: 

(7)  Load  resistance  matched  for  maximum  power  amplification ....  R22  V 1 — 5 

(8)  Input  impedance  at  maximum  power  amplification Rn  Vl  — 5 

R ^ 1 

(9)  Maximum  power  amplification , 

^ Rn  Rn  (1  -I-  Vl  - 5)2 

(10)  Insertion  gain  at  maximum  power  amplification.  . . . - . 

4/?n=*  (1  -f  Vl  - 5)2 

(11)  Insertion  geiin  (at  maximum  power  amplification) /maximum  p 

power  amplification 

4/tu 


(12)  Current  amplification  at  maximum  power  gain . 

(13)  Voltage  amplification  at  maximum  power  gain . 


/?2 


R22  1 -f-  Vl  — 5 

R21  1 

Rn  1 + vr^  5 


tronic  a-c  voltmeter  to  measure  the 
a-c  components,  a vacuum-tube  volt- 
meter for  the  d-c  emitter  voltage, 
a vacuum-tube  voltmeter  for  the 
d-c  collector  voltage  and  an  audio 
signal  generator  which  is  connected 
internally  to  the  grid  of  the  pentode 
in  the  emitter  circuit.  The  tran- 
sistor is  placed  in  a holder  con- 
structed to  ground  automatically 
the  emitter  and  the  collector  input 
if  the  transistor  is  taken  out. 

The  a-c  components  are  measured 
on  the  same  a-c  voltmeter  by  throw- 
ing the  appropriate  switches.  All 
a-c  components  are  measured  on  the 
same  range  (10  to  100  millivolts)  of 
the  electronic  a-c  voltmeter  by 
means  of  proper  voltage  dividers 
included  in  the  test  circuit. 

Presentation  of  Results 

It  is  convenient  to  arrange  the 
measured  values  in  the  form  shown 
in  Table  II.  The  first  or  left-hand 
group  contains  the  direct  currents 
and  voltages,  which  describe  the 
operation  point.  The  second  group 
contains  in  the  upper  line  the  alter- 
nating currents  and  voltages  at 
zero  collector  load-resistance  and  in 
the  lower  line  the  corresponding 
values  for  infinite  collector  load- 
resistance.  The  third  group  gives 
the  current  amplification  at  zero 
collector  load  resistance  and  the 
voltage  amplification  at  infinite  col- 
lector load  resistance.  The  fourth 
group  contains  the  four  coefficients, 
which  are  calculated  from  the  a-c 
components  in  the  second  group 
according  to 

I-Rlll  = (Ve/Qa> 

l^wl  = [(Ve)o=  — {Ve)o\/(ic)o 

i -^21 1 * 00 

|/?22|  = {Vc)o./{ic)o  (2) 

The  above  equations  follow  imme- 
diately from  Eq.  1 if  first  {io)  „ 
and  then  (Vc)o  are  set  equal  to  zero. 

In  Table  III,  numerical  values 
obtained  on  a commercial  Bell  Tele- 
phone Laboratories  germanium 
transistor  are  given  in  the  arrange- 
ment of  Table  II. 

For  a quick  test,  one  is  often 
more  interested  in  the  maximum 


current  amplification  and  the  max- 
imum voltage  amplification  than  in 
the  resistance  coefficients.  It  is  then 
an  advantage  of  the  circuit  that 


the  maximum  current  amplification 
is  obtained  without  further  calcula- 
tion from  the  a-c  collector  current 
at  zero  collector  load-resistance. 
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Reference 

(1)  W.  Bardeen  and  W.  Brattain  of 
Bell  Telephone  Laboratories  used  this  rep- 
resentation of  transistors  in  a lecture 
given  in  October  1948  in  Princeton,  N.  J. 
for  the  local  AIHB  section. 


Table  II- — Arrangement  of  Measured  Values 


I.  Ic 

ie  (v,)o  {ic)o  0 

iie/ie)o 

IRllI  \Ri2\ 

K Vc 

it  a>  (®c)  00 

(»c/»e)oo 

|/?2l|  IR^I 

Table  m — Test  Values  for  Commercial  Germanium  Transistor 


0.5  ma  2.0  ma 

100/xa  18mv  132Ma  0 

1.32 

420  ohms  182  ohms 

0.13  V 22.5  V 

100/^a  42mv  0 3.1v 

74 

31,000  ohms  23,500  ohms 

ELECTRONIC  MUSIC 


Gas-Diode  Electronic  Organ 


Chains  of  sawtooth  tone  generators  using  10-cent  neon  lamps  are  synchronized  to  master 
oscillators  for  frequency  control.  Undesired  harmonics  are  removed  with  tone  filters  to 
give  five  octaves  of  organ-like  music  with  two  vibrato  stops  and  six  tone-color  stops 

By  ROBERT  M.  STRASSNER 


Electric-keyboard  musical  in- 
struments may  be  classified 
into  two  main  groups  according  to 
their  means  of  tone  production : 
(1)  electromechanical  generators; 
(2)  .electric-circuit  generators.  Me- 
chanical systems  are  either  rotary 
or  vibratory.  Both  means  have 


been  used  to  modulate  electro- 
static or  magnetic  fields  or  beams 
of  light.  Electric  circuit  types  have 
employed  both  vacuum  and  gas-tube 
oscillators  as  tone  generators. 

Designers  of  new  instruments 
have  either  imitated  existing  in- 
struments or  have  devised  com- 


pletely new  pleasing  tonal  qualities 
and  controls.  However,  one  of  the 
greatest  complaints  against  electric 
instruments  is  that  they  are  gener- 
ally too  perfect,  and  therefore  un- 
natural. Variation  is  the  essence 
of  musical  expression  and  varia- 
tions in  pitch,  loudness,  tone  color 


FIG.  1 — Arrangement  of  stages  in  complete  organ.  Frequency  value  in  cycles  is  given  for  each  master  oscillator  (top  row) 
and  each  of  the  6l  synchronized  NE*2  neon-tube  relaxation  oscillators  comprising  the  five  octaves.  Shaded  boxes 

represent  bass  notes 
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and  vibrato  should  be  within  easy 
control  of  the  musician.  On  the 
other  hand,  too  many  controls  con- 
fuse or  discourage  the  performer. 
In  general,  new  instruments  should 
be  easily  operated  by  masters  of 
similar  existing  instruments. 

It  was  required  to  develop  an 
organ-like  electronic  instrument 
that  would  retail  for  $800,  whereas 
the  . cheapest  all-electronic  organ 
then  available  sold  for  about  $3,000. 
Since  mechanical  economies  in  the 
design  and  construction  of  the 
console  and  keyboard  would  class- 
ify the  equipment  as  a toy  rather 
than  a musical  instrument,  it  was 
necessary  to  retain  the  standard 
form  of  the  other  low-priced  organ- 
like instruments.  The  main  sav- 
ings were  effected  in  parts  and  pro- 
duction costs,  with  minimum  sacri- 
fice in  performance.  A standard 
organ  keyboard  of  five  octaves  or 
61  notes  covering  the  range  from 
C 65  to  C 2,093  cycles  is  used.  The 
controls  consist  of  eight  organ 
stops ; two  are  used  to  select  vibrato 
rates  and  the  remaining  six  are  for 
tone  color.  A swell  pedal  is  pro- 
vided for  output  level  or  volume 
control. 

The  cheapest  double-triode  vac- 
uum tube,  the  6SG7,  lists  for  $2.00. 
The  cheapest  gas  diode,  the  NE-2, 
lists  for  10<!S.  For  this  reason,  gas- 
tube  methods  of  tone  generation 


were  thoroughly  investigated.  As 
it  happens,  the  sawtooth  waveform 
of  the  gas-discharge  relaxation  os- 
cillator has  a high  harmonic  con- 
tent, permitting  wide  variation  in 
tone  color  by  removing  the  unde- 
sired harmonics  with  suitable  fil- 
ters. The  main  difficulty  was,  of 
course,  with  frequency  stability. 

Actual  Design 

The  block  diagram  of  the  com- 
plete instrument  is  shown  in  Fig.  1. 
The  twelve  separately-tuned  master 
oscillators  generate  continuously 

the  twelve  frequencies  for  the  high- 
est of  the  five  octaves  provided.  For 
each  master  oscillator  there  is  a 
chain  of  sawtooth  tone  generators, 
the  first  of  which  is  synchronized 
to  the  fundamental  frequency.  Only 
these  harmonic-rich  sawtooth  gen- 
erators feed  the  preamplifiers  and 
tone-color  filters;  the  master  oscil- 
lators serve  only  for  frequency  con- 
trol and  are  not  heard. 

Each  master  oscillator  syn- 
chronizes its  corresponding  sub- 
multiple notes  in  cascade  fashion. 
Of  course,  octave  submultiples  are 
the  only  frequencies  that  may  be 
synchronized  in  a musical  instru- 
ment, since  the  others  are  not  ex- 
actly related  in  the  equally-temp- 
ered scale. 

The  61  sawtooth  tone  generators 
are  continuously  in  operation,  with 


all  their  output  leads  terminating 
at  the  keyboard  switches.  Twenty- 
four  of  the  generators  feed  the  bass 
preamp,  and  the  remaining  37  feed 
the  treble  preamp.  When  the 
musician  depresses  one  or  more 
keys,  the  corresponding  key 
switches  send  the  tonal  combina- 
tion to  the  treble  and/or  the  bass 
preamp.  Stops  at  the  control  panel 
select  the  desired  combination  of 
tone  color.  The  bass  and  treble 
tone-color  filters  then  separately 
modify  the  upper  and  lower  por- 
tions of  the  keyboard  and  inject 
their  combined  outputs  at  the 
second  preamp  grid.  The  input  level 
to  the  phase  inverter  is  controlled 
by  a step  potentiometer  operated  by 
the  foot  of  the  performer.  The  sig- 
nal continues  through  the  power 
amplifier  to  the  dual-speaker  com- 
bination. 

The  main  factors  affecting  the 
frequency  stability  of  gas-dis- 
charge oscillators  were  found  to  be 
applied  voltage  and  incident  light. 
Voltage  was  readily  stabilized 
within  2 percent  with  a VR105  reg- 
ulator tube.  It  was  necessary  to 
introduce  a small  amount  of  light 
for  proper  operation  at  the  lower 
frequencies.  This  effect  was  ac- 
complished by  placing  ordinary  six- 
volt  dial  lights  near  the  low-fre- 
quency gas  diodes. 

The  necessary  additional  stabili- 


FIG.  2 — ^Example  of  octave  divider  chain.  For  6-note  C chain, 
sync  signals  are  injected  in  slightly  different  order  so  that  the 
two  lowest  notes  (most  difficult  to  control)  are  triggered 


FIG.  3 — Neon-lamp  test  and  ag-  FIG.  4 — Typical  master  oscillator 

ing  circuit  ior  improving  stability  circuit,  with  component  values 

of  sawtooth  oscillators  ior  the  1,760-cps  chain 
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zation  was  obtained  by  subjecting 
the  tubes  to  a small  electrostatic 
field  at  the  controlling  frequency. 
By  using  a portion  of  the  output 
from  one  oscillator  whose  frequency 
was  already  under  control  to  syn- 
chronize another  at  a submultiple 
frequency,  octave  divider  chains 
were  developed.  Three  or  four 
turns  of  hookup  wire  provided  suf- 
ficient coupling  for  reliable  control 
within  plus  or  minus  10  percent  of 
the  free-running  frequency. 

Figure  2 shows  a typical  octave- 
divider  chain.  The  charging  ca- 
pacitors for  the  first  three  stages 
are  connected  so  that  the  output 
voltage  to  the  treble  preamplifier 
approaches  —100  volts  according  to 
the  relation: 

7 = 100  (1  - (1) 

The  time  for  discharge  is  extremely 
short  compared  with  the  time  re- 
quired for  the  voltage  to  increase 
from  the  extinction  voltage  to 
the  ignition  voltage  7*,  so  that  the 
free-running  frequency  of  oscilla- 
tion is  mainly  a function  of  the  dif- 
ference between  these  two  volt- 
ages\  Substituting  V,  and  then 
for  V and  taking  the  reciprocal  of 
the  difference  between  the  two  cor- 
responding values  of  t,  the  fre- 
quency of  oscillation  becomes 


This  expression  is  approximate  be- 
cause Ve  and  Ft  are  themselves  af- 
fected by  frequency,  incident  light, 
temperature  and  magnitude  "of  the 
discharge  current. 

At  the  point  of  ignition,  in  the 
first  three  stages,  the  output  volt- 
age rises  very  quickly  to  -flOO 
volts.  The  last  two  tubes  in  the 
chain,  Vi  and  Vr„  are  connected  so 
that  a positive-approaching  saw- 
tooth is  produced.  It  was  found 
that  the  steep  time  rise  at  the 
point  of  discharge  in  the  negative 
sawtooth  is  much  more  effective 
in  controlling  the  positive-sawtooth 
generators  than  other  combina- 
tions. Because  the  lowest  fre- 
quencies are  the  more  difficult  to 
control,  the  last  two  tubes  in  the 


chain  are  both  controlled  by  the 
steep  negative  sawtooth.  The  first 
three  tubes  in  the  chain,  F„  F,  and 
Vs,  are  controlled  directly  by  the 
master  oscillator. 

The  charging  resistance  was  ad- 
justed to  about  3.3  megohms  in  all 
cases.  This  value  represents  a com- 
promise between  higher  values, 
which  would  be  more  unstable 
against  temperature  variations  and 
would  limit  the  discharge  current, 
and  lower  values  that  operate  the 
tube  too  near  the  border  between 
oscillation  and  continuous  glow.  For 
all  other  factors  remaining  con- 
stant, Eq.  2 shows  that  if  R is  in- 


creased, C must  necessarily  be  re- 
duced if  frequency  is  to  remain  con- 
stant. A reduction  in  C means  less 
energy  storage  in  the  capacitor  and 
therefore  less  discharge  current. 
If  R is  too  low,  the  charging  cur- 
rent will  be  so  high  that  the  tube  is 
unable  to  extinguish  at  the  comple- 
tion of  capacitor  discharge,  which 
results  in  continuous  glow. 

Switches  Si  through  Ss  are 
mechanically  linked  to  the  playing 
keys.  When  in  the  up  position, 
these  switches  ground  the  outputs 
of  all  unplayed  oscillators  and  also 
parallel  the  15-meg  resistors  from 
grid  to  ground  of  the  preamps,  giv- 
ing 0.625  meg  and  0.405  meg  re- 
spectively at  the  bass  and  treble 
inputs.  As  a key  is  depressed  and 
the  ground  connection  removed,  a 


28-db  loss  of  available  oscillator 
output  for  bass  notes  and  31-db  loss 
for  the  treble  is  momentarily  sent 
to  the  preamps.  When  the  key  has 
completed  § of  its  stroke,  the  15- 
meg  resistor  is  shunted,  thereby 
allowing  playing  level.  In  this  man- 
ner the  loud  transient  click  that 
would  otherwise  be  present  has 
been  almost  completely  eliminated. 

Despite  these  precautions  against 
transients,  key  switches  with  silver 
alloy  contacts  caused  considerable 
clicking.  Evidently  these  high-im- 
pedance circuits  were  extremely 
sensitive  to  the  slightest  oxide  coat- 
ing at  the  contacts.  Even  the  best 


silver  forms  a slight  coating  under 
normal  conditions.  The  final 
switches  were  formed  from  Ni- 
chrome  V wire.  Clicking  was  un- 
noticeable  and  these  switches  have 
maintained  their  characteristics  for 
a long  period  of  time. 

After  the  first  experimental 
model  had  been  in  use  for  several 
months,  a few  oscillators  drifted 
out  of  their  range  of  control.  It 
was  determined  that  an  aging  proc- 
ess within  the  tubes  had  taken 
place.  It  was  observed  that  the 
glow  in  troublesome  tubes  was  irre- 
gular and  unevenly  spread  over  the 
electrode  area.  When  these  tubes 
were  tested  as  positive  and  negative 
peak  clippers  in  the  circuit  of  Fig. 
3 (switch  S open),  they  failed  to 
produce  square  and  symmetrically 


FIG.  5 — ^Design  curves  ior  determining  parameters  of  parallel-T  networks  in  master 

oscillators 
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clipped  sine  waves.  When  the 
switch  was  closed  for  several 
seconds,  allowing  about  200  ma  to 
flow,  the  glow  started  unevenly  but 
gradually  spread  over  the  entire 
area  of  both  electrodes.  At  the  com- 
pletion of  this  spread,  the  switch 
was  opened  because  continued  appli- 
cation of  this  high  current  over- 
heats the  eleetrodes  and  destroys 
their  photosensitive  coating.  After 
proper  aging,  the  wave  is  always 
symmetrical  and  squarely  clipped. 
Uniform  characteristics  throughout 
the  remainder  of  their  life  were 
thereby  assured.  The  experimental 
model  has  remained  in  synchronism 
for  well  over  a year. 

Master  Oscillators 

At  the  frequencies  corresponding 
to  the  twelve  notes  in  the  highest 
octave,  twelve  stable  oscillators 
were  used  to  control  eleven  chains 
of  five  notes  and  one  of  six  to 
account  for  the  extra  C at  the  low 
end.  Because  of  its  high  stability 
•and  low  parts  cost,  the  parallel-T 
circuit  was  chosen.  Stabilities  of 
0.1  percent  are  possible  without 
supply-voltage  regulation.  Since 
only  one  triode  per  oscillator  is  re- 
quired, two  master  oscillators  may 
be  housed  in  one  double  triode  tube. 
Typical  circuit  oonstaots  of  the 
A-chain  master  oscillator  are  shown 
in  Fig.  4. 

To  aid  in  determining  the  paral- 
lel-T network  parameters,  the 
curves  for  Fig.  5 were  plotted  from 
equations  already  derived^  This 
presentation  assumes  zero  gener- 
ator impedance  and  infinite  load 
impedance.  Therefore,  the  net- 
work open-circuit  input  impedance 
Zoi  should  be  much  greater  than  the 
generator  impedance  and  its 
short-circuit  output  impedance 
should  be  much  less  than  the  load 
impedance  Rg  in  order  that  the  net- 
work balance  conditions  be  least 
disturbed.  After  stage  gain  A has 
been  determined  by  the  tube  and 
load  resistor  selected,  w as  a func- 
tion of  A for  various  values  of  m 
may  be  read  directly  from  the 
curves. 

For  sustained  oscillation,  net- 
work attenuation  K must  be  less 


than  stage  gain  A.  If  Jthere  is  no 
loading  on  the  network  and  con- 
stants are  to  exact  tolerance,  K 
could  be  taken  equal  to  A.  This  is, 
of  course,  impossible  and  for  reli- 
able operation,  K should  not  be 
more  than  one-half  A.  In  most  of 
the  literature  on  the  subject,  m is 
taken  equal  to  one.  ® * It  should  be 
noted  that  increased  selectivity  as 
well  as  decreased  K occurs  as  m is 
increased. 

The  more  common  method  of  in- 
creasing selectivity  is  to  increase  A 
only.  With  high-mu  triodes  the 
upper  limit  on  A is  about  35,  so 
that  if  additional  selectivity  is  de- 
sired, increasing  w is  a convenient 
method.  With  these  limits  in  mind 
the  following  criteria  for  the  de- 
sign of  a single-stage  tf  iode  parallel- 
T oscillator  were  therefore  adopted : 
(1)  A was  determined  from  (i,  Rl 
and  r,;  (2)  K was  set  equal  to  A/2; 
(3)  the  highest  value  of  m that  will 
allow  Z,t  to  remain  much  less  than 
R,  was  selected;  (4)  was  made 
much  greater  than  Rif\  (5/  at  the 
chosen  value  of  m,  n was  found  for 
£ calculated  above ; (6)  only  points 
well  above  the  K^^in  curve  and  below 
where  K changes  rapidly  with  small 
changes  in  n were  used;  (7)  C = 
1/iaR. 

Although  the  design  was  time- 
consuming  and  the  required  low- 
tolerance  components  are  expensive, 
the  production  cost  per  oscillator  is 
less  than  for  other  types  and  stabil- 
ity is  comparable  with  a laboratory 
standard. 

Vibrato  Oscillator 

Vibrato  in  most  musical  instru- 
ments is  produced  by  combined  fre- 
quency and  amplitude  modulation. 
However,  a rather  pleasing  effect 
may  be  obtained  from  frequency 
modulation  alone.  Figure  6 shows 
the  vibrato  oscillator,  which  is  a 
standard  four-section  phase-shift 
variety,®  Frequency  is  adjusted  to 
about  six  cycles  per  second  and  is 
controllable  at  the  stop  tabs  by 
simultaneously  varying  two  of  the 
1-meg  resistors  in  the  phase-shift 
network.  Oscillator  output  is  in- 
jected through  the  2-meg  resistors 
shown  in  Fig.  4 to  the  grids  of  all 


master  oscillators.  The  extent  of 
the  frequency  swing  or  vibrato 
depth  is  determined  by  the  ampli- 
tude of  the  injected  voltage. 

Torte-Color  Stops 

The  raw  sawtooth  waveform 
from  the  tone  generators  could 
hardly  pass  for  music  because  of  its 
improper  harmonic  distribution. 
After  this  sawtooth  has  passed 
through  filter  circuits  that  alter  its 
harmonic  structure,  many  pleasing 
tonal  effects  are  obtained. 

The  highest  note  on  the  keyboard 
of  this  instrument  is  the  32nd  har- 
monic of  the  lowest.  A low-pass 
filter  designed  to  remove  certain 
harmonics  of  the  treble  notes  would, 
have  negligible  effect  on  bass  notes. 
In  like  manner,  another  low-pass 
filter  with  a much  lower  cutoff  point 
would  be  very  effective  ih  coloring 
bass  notes  and  yet  completely  at- 


FIG.  6 — ^Vibrato  oscillator  circuit.  Out- 
put frequency  is  approximately  6 cps 


FIG.  7 — ^Bass  and  treble  tone-color  fil- 
ters. each  using  half  of  the  6SC7 


tenuate  the  treble  section.  If  uni- 
form tone  color  were  required,  a 
separate  filter  for  each  tone  color 
of  each  note  would  be  needed.  How- 
ever, few  instruments  have  the 
same  tone  color  throughout  their 
range.®’^  A satisfactory  tonal  bal- 
ance was  obtained  by  splitting  the 
keyboard  at  middle  C (261  cycles). 
Two  filter  sections  were  provided. 
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The  24  notes  below  middle  C were 
routed  to  bass  stops  or  filters  and 
the  37  above  to  treble  stops.  When 
a bass  note  is  played  and  a bass 
stop  is  closed,  a tone  is  produced 
that  in  pitch  is  determined  by  the 
note  played,  in  color  is  designated 
by  the  stop  closed  and  is  at  a level 
depending  on  the  setting  of  the 
swell  pedal.  Figure  7 shows  circuit 
constants  of  the  tone  color  unit. 
One  filter  in  each  section  is  a reso- 
nant band-pass  type  designed  to  act 
as  a formant-producing  .element. 
(Formants  are  caused  by  boosting 
partial  tones  around  a particular 
resonance  frequency.)  The  others 
are  ordinary  R-C  networks.  These 
combinations  produce  horn,  string 
and  reed  effects.  Large  amounts 
of  insertion  loss  were  deliberately 
incorporated  in  each  network  in 
order  that  output  level  would  be 
noticeably  increased  as  more  stops 
were  closed. 

Choice  of  Speakers 

The  distortion  of  the  8-watt 
amplifier  used  was  held  to  a mini- 
mum consistent  with  parts  cost,  but 
best  speaker  performance  (oddly 


enough)  was  realized  with  one  of 
the  least  expensive  combinations 
tested.  The  fihal  choice  was  a pair 
of  8-inch  p-m  speakers,  one  with  a 
hard  cone  resonating  at  150  cycles 
and  the  other  soft  for  a 75-cycle 
resonance.  When  these  were  oper- 
ated in  parallel,  their  reciprocal 
damping  effects  appeared  to  reduce 
overall  resonance  and  distortion  to 
a low  degree.  An  8-watt  test  sig- 
nal that  produced  objectionable 
distortion  in  a 25-watt  high-fidelity 
speaker  supplied  by  a prominent 
manufacturer  was  easily  handled 
by  the  10-watt  combination  used. 
The  dual  system  was  also  chosen 
because  it  allowed  a more  uniform 
dispersion  than  could  be  realized 
from  even  a large  single  speaker. 

Conclusions 

It  was  pointed  out  that  the  pur- 
pose of  this  project  was  to  design 
a low-cost,  easily-operated  organ- 
like instrument.  Low  manufactur- 
ing cost  was  accomplished  by  using 
inexpensive  tone  generators  whose 
tiny  size  lend  themselves  to  small 
identical  subassemblies.  Pleasing 
tone  color  was  the  main  standard  of 


performance.  To  this  end,  com- 
ments on  the  results  of  listening 
tests  by  many  musicians  and  engi- 
neers have  been  most,  gratifying. 
Provided  reasonable  care  is  exer- 
cised in  the  selection  of  capacitors 
and  resistors  in  the  parallel-T  net- 
works, the  instrument’  should  re- 
main in  tune  indefinitely.  Eight 
organ  stops  provide  196  combina- 
tions of  tone  color.  Any  person  able 
to  play  keyboard  instruments  can 
play  this  instrument  with  little  or 
no  practice. 


References 

(1)  H.  J.  Reich,  "Theory  and  Applica- 
tion of  Electron  Tubes,”  p 464,  McGraw- 
Hill  Book  Co.,  New  York,  1944. 

(2)  H.  S.  McGaughan,  Variation  of  an 
RC  Parallel-T  Null  Network,  Tele-Tech, 
p 48,  August  1947. 

(3)  W.  G.  Shepherd  and  R.  O.  Wise, 
Variable  BYequency  Bridge-Type  Fre- 
quency-Stabilized Oscillators,  Proo.  IRB, 
p 256,  June  1943. 

(4)  A.  E Hastings,  Analysis  of  a Re- 
sistance Capacitance  Parallel-T  Network 
and  Applications,  Proc.  I.R.E.,  p 126, 
March  1946. 

(6)  L.  Stanton,  Theory  and  Application 
of  Parallel-T  Resistance  Capacitance  Fre- 
quency Selective  Networks,  Proo.  I.R.B., 
p 447,  July  1946. 

(6)  S.  K.  Liewer,  “Electronic  Musical 
Instruments,”  Electronic  Engineering, 
1948.  This  monograph  has  an  extensive 
bibliography  and  lists  American  and  Brit- 
ish patents. 

(7)  B.  F.  Miessner,  Electronic  Music 
and  Instruments,  Proc.  IRE,  p 1,427,  Nov. 
1936. 


Electronic  Organ 


Keyboard  controls  167  Hartley  oscillators  designed  for  grid-circuit  keying  and  high 
stability  of  tuning.  Separate  loudspeaker  channels  minimize  Doppler-effect  distortion  at 
cone.  Power  amplifiers  have  low  intermodulation  distortion 


IN  the  organ-type  electronic  musi- 
cal instrument  to  be  described, 
each  note  of  the  keyboard  corre- 
sponds to  a Hartley  oscillator  ar- 
ranged to  provide  a sinusoidal  fun- 
damental, devoid  of  harmonics,  and 
a pulse  signal  that  is  rich  in  har- 
monics. Twelve  additional  oscilla- 
tors provide  an  octave  extension  of 
the  treble  on  the  swell  (upper) 
manual. 

The  various  voices  are  derived 
from  mixer  circuits  that  mix  the 
fundamentals  and  pulse  signals  in 
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the  proper  proportions  and  subject 
the  resultant  to  appropriate  fre- 
quency-discriminating circuits  to 
produce  the  desired  formant.  The 
outputs  of  the  several  mixers  asso- 
ciated with  any  division  of  the  or- 
gan (swell,  great,  or  pedal)  are 
mixed  through  buffer  amplifiers. 
The  resultant  signal  from  each  di- 
vision is  further  amplified  to  re- 
cover the  mixing  loss  and  is  passed 
through  the  volume  control  associ- 
ated with  the  expression  pedals. 

The  expression  pedal  controlling 


the  volume  of  the  swell  manual 
voices  also  controls  some  of  the 
pedal  voices  by  means  of  a separate 
potentiometer  having  a range  of 
control  which  is  less  than  the  range 
used  on  the  manual  voices.  This 
compensates  for  reduced  sensitivity 
of  the  ear  at  low  sound  levels  in  the 
pedal  tones  and  maintains  a satis- 
factory balance  between  these 
voices  in  the  pedal  division  and 
those  in  the  swell  division  over  the 
complete  range  of  the  expression 
pedal.  The  other  pedal  voices  are 
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handled  similarly  on  the  expression 
pedal  used  for  the  great  manual. 

Following  the  expression  pedals 
the  outputs  of  the  three  organ  di- 
visions may  be  mixed  together  or 
kept  separate  as  the  installation 
may  require.  For  a small  room  all 
three  outputs  may  be  mixed  at  the 
input  of  a power  amplifier.  For  in- 
stallations requiring  more  than  one 
loudspeaker  the  signals  from  the 
pedal  voices  are  amplified  and  fed 
to  one  or  more  pedal  loudspeakers 
while  the  signals  from  the  manual 
voices  are  either  mixed  into  a com- 
mon power  amplifier  and  loud- 
speaker system  or  are  fed  into  two 
separate  systems. 

The  lowest  frequency  available  in 
the  pedal  oscillators  is  the  musical 
note  Cl  (32.703  cycles  per  second). 
The  lowest  frequency  produced  by 
the  manual  oscillators  is  one  octave 
higher,  or  65.406  cycles  per  second. 
It  has  been  found  desirable  to  use 
separate  power  amplifiers  and  loud- 
speakers for  the  manuals  and  for 
the  pedals.  Power  input  to  the  pedal 
loudspeakers  is  limited  by  the  cone 
excursion  at  the  lowest  frequency 
and  the  power  input  to  the  manual 
loudspeakers  tends  to  be  limited  by 
the  power-handling  capacity  of  the 
voice  coils. 

This  separation  of  loudspeaker 
channels  practically  eliminates  the 
distortion  inherently  produced  by 
the  Doppler  effect  when  medium  or 
high  frequencies  are  being  radiated 
by  a cone  that  is  simultaneously  ex- 
ecuting low-frequency  vibrations  of 
appreciable  amplitude.  The  further 
separation  of  the  signals  from  the 
manuals,  though  not  so  necessary, 
does  contribute  to  the  elimination 
of  this  distortion  that  has  long  been 
associated  with  electronic  instru- 
ments when  played  at  high  sound 
intensities,  and  also  lends  to  the 
space  effect  that  is  highly  desirable 
especially  in  large  installations. 

Oscillators 

The  Hartley  type  of  oscillator 
with  grid  circuit  keying  was  se- 
lected for  a number  of  reasons : (1) 
such  an  oscillator  provides  a de- 
pendable tone  signal  generator  that 
produces  transient  and  steady-state 
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FIG.  1 — Circuit  of  typical  four-note 
oscillator  chassis 


effects  in  an  independent  fashion 
comparable  to  the  tone  generators 
generally  used  in  the  production  of 
orchestral,  vocal,  or  pipe  organ 
music;  (2)  the  oscillator  can  be 


1 ^1,300703,300  1 

1 

— 

002 

1 

1 

1 

1 

1 

I2AH7 

1 2,200 

NIMEG 

IMEG 



1 

1 

1 

1 

1 

1 

1 * 

FIG.  2 — Tremolo  oscillator  circuit 


keyed  with  the  simplest  type  of 
switch  and  permits  use  of  conven- 
tional pipe-organ  c.ouplers;  (3)  the 
oscillator  can  be  produced  and  main- 
tained at  a reasonable  cost. 

Oscillator  design  requirements 
included:  (1)  high  stability  of  tun- 
ing, especially  with  time  and  with 
temperature  variations:  (2')  good 
keying  characteristics  for  natural 
attack  and  release  of  tone ; (3)  sat- 
isfactory tremolo  having  the  proper 
amount  of  amplitude,  frequency, 
and  quality  change  to  compare  with 
the  tremolo  or  vibrato  generally 
used  in  vocal  music  or  by  orchestral 
instruments;  (4)  proper  and  uni- 
form tonal  qualities  with  adequate 
amounts  of  natural  harmonics 
available;  (5)  easy  tunability;  (6) 
simple,  inexpensive  construction. 

The  resulting  oscillator,  using 
half  of  a twin  triode,  is  assembled 
on  a four-note  chassis  as  indicated 
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in  Fig.  1.  The  organ  described  here 
has  167  oscillators.  Of  these,  32  are 
associated  with  the  pedals  (notes 
Cl  to  Ga),  61  are  in  the  great  divi- 
sion (C*  to  Ct),  73  are  in  the  swell 
division  (Ca  to  Cg),  and  a special 
type  of  low-frequency  oscillator  is 
used  as  a source  of  tremolo  fre- 
quency. The  fundamental  tone  sig- 
nals generated  in  the  tank  circuits 
are  mixed  in  series  for  a given  rank 
of  oscillators,  and  the  pulse  signals 
are  parallel-mixed. 

The  oscillator  circuit  constants 
are  so  chosen  that  plate  and  heater 
voltage  variations  will  not  appreci- 
ably affect  tuning  of  the  oscillators. 
The  oscillator  plate  supply  is,  how- 
ever, taken  from  a voltage-regu- 
lated source  in  order  to  provide  a 
source  having  a low  apparent  im- 
pedance. This  eliminates  a tendency 
that  would  otherwise  exist  for  the 
several  ranks  of  oscillators  to 
synchronize  when  the  same  note  is 
played  in  each  or  to  lock  in  exact 
octave  relationship  when  octaves 
are  played.  This  synchronization,  if 
permitted  by  a sufficiently  large 
common  impedance  in  the  plate  volt- 
age source,  would  seriously  reduce 
the  grand  celeste  or  chorus  effect 
that  depends  upon  independent  tone 
generators. 

Tremolo  Oscillator 

The  tremolo  oscillator  circuit  in 
Fig.  2 feeds  approximately  5 volts 
of  low-frequency  signal  into  a 1,- 
500-ohm  resistance.  The  tremolo 
frequency  is  adjustable  through  the 
range  of  4.7  to  6.5  cycles  per  second 
by  a resistance  control. 


FIG.  3 — Great  soft  string  tob  and 
chorale  mixer  circuit 
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FIG.  4 — Typical  coupler  circuit,  with  keying  details  for  one  key  in  each  manual 

and  one  pedal  key 


FIG.  5 — Block  diagram  of  model  2A,  showing  substantial  independence  of  swell, 
great,  and  pedal  organs.  Most  of  the  oscillators  hare  been  omitted  here 


Mixers 

The  mixers  are  single-stage  am- 
plifiers that  mix  the  proper  amounts 
of  fundamental  and  pulse  signals 
together  and  determine  the  for- 
mant for  the  proper  tonal  character 
of  each  voice.  Each  voice  is  con- 
trolled from  a conventional  tablet 
switch  on  the  console.  This  switch 
short-circuits  the  grid  of  any  mixer 
to  ground  when  the  voice  is  not 
wanted.  The  output  circuits  of  the 
mixers  associated  with  one  division 
are  paralleled.  The  circuit  of  a typi- 
cal mixer  chassis  which  includes 
two  mixers,  soft  string,  and  chorale 
is  given  in  Fig.  3. 

The  coupler  arrangement,  as  ap- 
plied to  the  As  keys  of  the  great  and 
swell  manuals  and  the  As  key  of  the 
pedals,  is  shown  in  Fig.  4.  The  oscil- 
lators are  keyed  by  grounding  the 
keying,  leads  either  directly  or 
through  the  tremolo  generator  out- 
put. Any  key  is  able  to  control  sev- 
eral oscillators  through  appropriate 
couplers.  Tremolo  can  be  obtained 
in  either  manual  independently  of 
the  other  manual,  since  the  manuals 
have  independent  keying  busses. 

When  the  swell-division  oscilla- 
tors are  keyed  from  the  great  man- 
ual they  sound  with  the  voices  set 
up  for  the  swell  manual,  which  may 
be  quite  different  from  those  se- 
lected for  the  great  manual.  The 
same  considerations  apply  when  the 
great  oscillators  are  keyed  from  the 
pedal  clavier  through  the  great  to 
pedal  coupler.  However,  there  is 
no  provision  for  tremolo  to  the 
pedal  oscillators  since  tremolo  in 
the  low-frequency  range  is  not  de- 
sirable. The  block  diagram  in  Fig. 
5 shows  the  substantial  independ- 
ence of  the  swell,  great,  and  pedal 
organs. 

Loudspeakers  and  Power  Amplifiers 

The  loudspeaker  and  power  am- 
plifier problems  associated  with  this 
electronic  musical  instrument  are 


almost  unique  since  substantial 
amounts  of  power  must  be  delivered 
with  low  distortion  at  frequencies 
down  to  32  cycles  per  second.  Much 
less  intermodulation  can  be  toler- 
ated in  an  electronic  organ  than  in 
more  conventional  applications. 
Music  that  is  quite  acceptable  at 
low  intensity  levels  will  become  in- 
tolerable at  high  levels  if  the  usual 
harmonic  distortion  is  permitted. 

The  power  amplifiers  were  de- 
signed to  have  harmonic  distortion 
below  one  percent  at  full  power  out- 
put. Great  care  was  used  in  the 
choice  and  arrangement  of  loud- 
speakers. The  manual  loudspeak- 
ers are  provided  with  diffraction 
devices  that  satisfactorily  spread 


the  high-frequency  components  of 
sound  energy  through  a large  hori- 
zontal angle.  This  arrangement 
avoids  the  beaming  effect  that  is 
undesirable  in  organ  music,  without 
the  energy  loss  and  time'  lag  that 
would  be  associated  with  diffusion 
of  the  high-frequency  sounds  by 
bouncing  them  off  the  ceiling. 
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Design  of  a Pipeless  Organ 

Rectangular  teeth  moving  past  shaped  pole  pieces  generate  desired  complex  waveforms 
of  pipe  organ  tones  directly.  Separate  amplifiers  and  loudspeaker  systems  are  used  for  each 
manual  and  for  pedal  keyboard.  In  direct-comparison  listening  test,  performance  could 
not  be  differentiated  from  that  of  corresponding  three-manual  pipe  organ 

By  J.  D.  GOODELL  AND  E.  SWEDIEN 


Two  BASICALLY  DIFFERENT  ap- 
proaches to  synthesized  tone 
qualities  are  possible.  In  one  the 
various  frequencies  are  generated 
in  sinewave  form,  and  the  timbre 
of  the  steady-state  tone  is  varied  by 
the  selection  of  harmonics  from  the 
sinewave  source  together  with  ad- 
justment of  their  relative  intensi- 
ties. In  this  case  a generator  is  re- 
quired for  each  note,  and,  unless 
harmonics  are  drawn  from  the 
equally  tempered  scale,  separate 
generators  are  used  for  each  re- 
quired harmonic. 

The  second  method  involves  pro- 
ducing from  each  generator  a 
complex  wave  representing  the  re- 
sultant of  the  fundamental  and  har- 
monic structures  of  the  musical 
tone.  Each  stop  corresponds  to  a 
complete  set  of  generators  in  a 
manner  exactly  analogous  to  a rank 
of  pipes.  If  the  instrument  is  in- 
tended specifically  to  produce  pipe- 
organ  effects,  this  characteristic  is 
essential.  As  a consequence,  the 


FIG.  1 — Method  used  for  generating  com- 
plex waveiorms  directly  by  shaping  pole 
piece  so  air  gap  raries  as  each  tooth 
moves  past,  and  examples  of  woveiorms 


complex  waveform  generators  were 
chosen  for  the  instrument  to  be 
described,  which  is  intended  to  re- 
place conventional  large  organs. 

In  most  mechanisms  using  rotary 
generators  the  basic  approach  has 
been  to  shape  a tone  wheel  so  that 
the  desired  waveform  will  be  gener- 
ated in  a pickup  coil  as  the  surface 
of  the  wheel  moves  past  a pole  piece. 
There  are  many  obvious  difficulties 
connected  with  the  production  of 
such  wheels  with  required  toler- 
ances, and  the  cost  is  very  high  for 
the  number  of  wheels  needed. 

In  the  organ  described  the  rotat- 
ing members  are  pitch  rather  than 
tone  wheels.  The  wheels  resemble 
conventional  gears  with  teeth 
(vanes)  distributed  symmetrically 
around  the  periphery.  The  pole 
pieces  of  the  pickup  coils  are  shaped 
to  produce  the  desired  waveform. 
A number  of  pole  pieces  together 
with  corresponding  patterns  are 
shown  in  Fig.  1. 

There  are  many  advantages  in 
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FIG.  2 — Area-scanning  method  of  gener- 
ating complex  waveforms,  wherein  air 
gap  is  constant  but  magnetic  reluctance 
varies  as  each  tooth  moves  past 


this  system,  not  the  least  of  which 
is  the  fact  that  a single  pitch  wheel 
may  be  used  in  conjunction  with 
several  coils  and  pole  pieces  oriented 
around  its  periphery  to  generate 
various  waveforms.  Pitch  wheels 
with  1,  2,  4,  8,  16,  32  and  64  teeth 
respectively  are  assembled  on  a 
single  shaft  so  that  each  wheel  cor- 
responds to  a successive  octave  of  a 
single  note.  The  shaft  itself  is  made 
of  non-magnetic  stainless  steel,  and 
the  spacers  between  the  pitch 
wheels  are  of  brass  to’  avoid  coup- 
ling between  the  circuits. 

A total  of  twelve  shafts  with 
seven  pitch  wheels  on  each  shaft 
produce  all  the  fundamental  fre- 
quencies of  an  organ  keyboard.  In 
order  to  generate  the  fundamentals 
corresponding  to  the  4-foot,  2-foot 
and  32-foot  pipe  pitches  for  vari- 
ous stops  played  in  the  top  or  bot- 
tom octaves  of  the  keyboard  respec- 
tively, it  is  necessary  to  add  one  or 
more  pitch  wheels  to  each  shaft. 

Each  set  of  coil  and  pole  piece  as- 


Pitch-wheel  assembly  that  determines  fre- 
quency of  one  note  in  scale  over  range  of 
seven  octoves.  Wheels  have  1,  2,  4,  8, 
16.  32  and  64  teeth  respectively 
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semblies  generates  a complete  key- 
board of  corresponding  waveforms. 
The  output  from  the  coils  may  be 
connected  to  one  or  more  manuals 
of  the  organ.  The  only  limitation 
on  the  number  of  stops  that  may  be 
obtained  in  this  manner  is  the 
physical  dimension  of  each  coil  as- 
sembly by  comparison  with  the  out- 
side circumference  of  the  pitch 
wheels. 

The  complete  generator  assembly 
for  a two-manual  organ  has  twelve 
complete  tone-wheel  assemblies  in 
the  lower  bank,  corresponding  to 
the  complete  organ  keyboard  funda- 
mentals. Each  tone  wheel  in  this 
bank  has  four  associated  coil  and 


ity  than  is  achieved  with  the  usual 
tremolo.  This  is  one  of  the  features 
of  this  design  that  contributes  to  its 
ability  to  conform  to  pipe-organ 
characteristics.  Few  pipe  organs  in- 
clude more  than  a string  celeste 
stop,  but  with  the  design  described 
a flute,  celeste  is  not  costly  in  com- 
parison to  adding  a complete  set  of 
pipes  in  a pipe  organ. 

Tremolo  Effect 

Synchronous  motors  are  used  to 
drive  the  main  pitch-wheel  shafts 
through  a flexible  spring  coupling. 
On  the  end  of  the  main  driveshaft 
in  the  lower  bank  is  a flywheel.  Sus- 
pended from  above  and  resting 


tion  in  load  is  absorbed  by  the 
spring  coupling,  momentarily  slow- 
ing down  the  angular  velocity  of  the 
main  drive  shaft  and  all  the  pitch 
wheels  by  a small  amount. 

When  the  overload  is  removed  (as 
the  eccentric  rotates  away  from  the 
magnetic  structure)  the  spring 
coupling  feeds  the  energy  back  into 
the  system  as  a pulse  that  over- 
shoots slightly,  since  it  is  not  criti- 
cally damped,  and  the  angular  vel- 
ocity of  the  pitch  wheels  is 
increased  beyond  normal  for  an  in- 
stant. The  pickup  coils  see  this  as  a 
variation  in  pitch  that  is  alternately 
below  and  above  normal,  at  a rate 
that  is  adjusted  by  the  period  of  the 


Drive  system  for  pitch-wheel  assembly  (bench  test  setup).  Closeup  of  pitch-wheel  assembly,  showing  how  coils  (in  rect- 
Tuning  is  done  by  sliding  entire  assembly  so  rubber-tired  wheel  angular  shield  boxes)  and  shaped  pole  pieces  are  distributed 
shifts  along  surface  of  cone-shaped  wood  drive  wheel.  Chong-  around  periphery  of  each  toothed  wheel  to  get  different  com- 
ing diameter  of  drive  wheel  changes  fundamental  frequency  plex  waveforms  and  hence  tones  at  each  freqeuncy 


pole-piece  assemblies  corresponding 
to  flute,  diapason,  string  and  trum- 
pet basic  tone  colors. 

The  upper  bank  of  twelve  com- 
plete tone-wheel  assemblies  includes 
only  two  sets  of  coil  assemblies, 
corresponding  to  a flute  and  string 
tone  color.  The  upper  bank  is 
tuned  slightly  sharp  with  respect 
to  the  lower  bank  and  represents 
the  celeste  stops.  This  corresponds- 
exactly  to  pipe-organ  practice  in 
which  a separate  rank  of  string 
pipes  is  tuned  slightly  sharp  to  pro- 
vide a beat  that  sounds  to  the  ear 
much  like  a.  vibrato,  although  the 
result  is  appreciably  richer  in  qual- 


against  this  flywheel  is  a lever  arm, 
with  an  electromagnet  attached  to 
the  end  just  below  the  flywheel  and 
with  its  pole  piece  facing  an  eccen- 
tric steel  wheel  that  is  driven  by 
the  main  drive  shaft.  This  is  the 
mechanism  used  for  obtaining  a 
tremolo. 

When  the  tremolo  electromagnet 
is  not  energized,  the  lever  arm  sim- 
ply places  a small  constant  load  on 
the  drive  shaft  through  friction 
against  the  flywheel.  When  the 
electromagnet  is  energized  it  is  pe- 
riodically attracted  to  the  eccentric 
wheel  so  that  the  pressure  of  the 
lever  arm  is  increased.  This  varia- 


eccentric  wheel  to  be  between  six 
and  seven  cycles  per  second.  The 
extent  of  the  variation  in  pitch  is 
determined  by  the  amount  of 
energy  supplied  to  the  electromag- 
net. This  is  adjustable  over  a rela- 
tively wide  range  with  a control  on 
the  console. 

In  this  connection  it  is  noted  that 
there  are  two  basic  types  of  vibrato, 
one  being  amplitude  modulation  and 
the  other  frequency  modulation. 
The  frequency-modulation  method 
is  the  more  desirable  of  the  two,  but 
in  many  instruments  is  difficult  to 
obtain  with  accuracy.  The  trem- 
ulant described  may  be  set  to  pro- 
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duce  any  desired  result  and  it  is 
exceptionally  stable  in  operation. 

Method  of  Tuning 

The  drive  system  employs  a sim- 
ple arrangement  for  tuning  the 
individual  sets  of  pitch  wheels. 
Spaced*  suitably  along  the  drive- 
shaft  are  cone-shaped  wood  wheels. 
On  each  side  of  each  cone-shaped 
wheel  is  a pitch-wheel  assembly, 
suitably  oriented  so  that  its  rubber- 
tired  drive  wheel  contacts  the  cone- 
shaped  wheel  at  the  correct  angle. 

The  pitch-wheel  assemblies  are 
mounted  to  the  base  board  through 
slots  with  adjustable  pressure  bolts 
so  that  they  may  be  easily  moved 
with  relation  to  the  cone-shaped 
wheels  on  the  main  driveshaft. 
The  speed  that  they  are  driven  de- 
pends on  the  size  of  the  cone  and 
the  portion  of  the  cone  contacted 
by  the  rubber  drive  wheel.  This 
permits  rapid  tuning  of  the  instru- 
ment and  maintains  tuning  over 
long  periods  of  time  without  sensi- 
tivity to  temperature  variables  or 
line  voltage  variations  within  wide 
limits. 

The  entire  pitch-wheel  assembly 
is  adequately  shock  mounted.  Sta- 
bility of  drive  requires  careful  at- 
tention to  the  mechanical  reactances 
and  resistances  involved,  and  dy- 
namic balance  of  the  entire  system 
is  essential. 

Scanning  Methods 

The  waveform  may  be  scanned 


either  by  shaping  the  pole  piece  in 
accordance  with  the  instantaneous 
gap  as  in  Fig.  1,  which  is  termed 
profile  scanning,  or  by  the  area 
scanning  method  where  the  gap  dis- 
tance is  constant  but  the  area  of  the 
pole  piece  is  varied,  as  in  Fig.  2. 

With  the  profile-scanning  method 
the  effect  of  a given  variation  in  the 
shape  of  the  pole  piece  is  inversely 
proportional  to  the  width  of  the 
gap.  It  is  also  true  that  a deep 
sharp  cleft  in  the  pole  piece  does 
not  have  its  full  effect  on  the  result 
because  of  fringe  effects  from  the 
sides  of  the  tooth  to  the  steep  sides 
of  the  cleft.  Thus,  very  high  har- 
monics are  likely  to  be  obscured, 
the  design  of  the  pole  piece  becomes 
critical  and  the  dimensions  of  all 
the  units  in  the  system  must  be  kept 
to  a minimum. 

With  the  area-scanning  method 
the  gap  distance  is  a constant  and 
the  very  high  harmonic  structures 
are  easier  to  control. 

The  profile-scanning  method  is 
used  in  current  designs  for  reasons 
of  economy  in  production  costs  and 
because  it  has  been  found  possible 
to  achieve  entirely  satisfactory 
basic  organ  tones  with  this  orienta- 
tion. In  elaborate  organs  where 
very  brilliant  solo  reeds  are  re- 
quired, it  is  entirely  practical  to 
combine  the  two  systems. 

Pole-Piece  Design 

A rigorous  and  complete  mathe- 


matical expression  for  predicting 
the  dynamic  flux  patterns  in  a sys- 
tem of  this  kind  in  terms  of  the 
shape  of  the  pole  piece  is  completely 
impractical,  if  not  impossible.  De- 
veloping a pole  piece  to  produce  a 
desired  voltage  waveform  may  be 
approached  as  a first  approxima- 
tion by  mathematical  and  graphic 
methods,  however.  This  approxi- 
mation turns  out  to  be  remarkably 
close  to  the  end  result,  and  the  final 
touching  up  of  the  profile  is  accom- 
plished on  the  basis  of  rationaliza- 
tions and  intuitive  concepts  result- 
ing from  laboratory  experience. 

In  plotting  the  initial  curve  most 
of  the  constants  and  small  variables 
are  neglected  and  the  reluctance  of 
the  gap  is  considered  to  be  the  only 
function  of  first  order  importance. 
The  procedure  is  indicated  in  Fig.  3. 

On  a listening-test  basis,  the 
plotted  first  approximation  for  a 
pole-piece  profile  will  usually  come 
very  close  to  the  quality  of  tone  for 
the  complex  waveform  originally 
selected  for  synthesis  and  analyzed 
into  its  sine  wave  components.  A 
number  of  small  factors,  such  as 
the  fact  that  the  tooth  leaving  the 
gap  is  still  producing  some  changes 
in  flux  when  the  approaching  tooth 
enters  the  gap,  are  compensated  for 
by  minor  modifications  of  the  pro- 
file. 

For  any  given  profile  the  higher- 
order  harmonic  content  will  be  de- 


FIG.  3 — Details  of  combined  mathematical 


and  graphical  procedure  for  designing 
shaped  pole  piece  to  generate  desired 
complex  waveform  of  an  organ  tone 


Mathematical  Basis;  The  desired  complex  voltage  waveform  can  be  expressed 
in  terms  of  its  sine  wave  components  as 

E = A sin  ost  B sin  2 ut  + C sin  3 wf  _ (1) 

Since  E is  proportional  to  d4t/dt,  the  flux  <j>  is  obtained  by  integration  as 

— tj>  — — cos  o)t  -f-  cos  2 wt  +-5^  cos  3 wf  -4- (2) 

Cl)  zco  603 

where  A,  B and  C are  the  percentages  of  harmonics  in  the  voltage  waveform. 
Phase  angles  can  be  neglected  because  of  the  insensitivity  of  the  ear  to  phase 
shift  and  unnecessary  constants  can  be  eliminated,  giving  for  the  required 
relative  maximum  flux  amplitudes  the  simple  expression 

<^»)»  = -j"  + -g-  + -g-  + (3) 

Graphical  Design  Procedure:  Draw  portion  of  tooth  wheel.  Draw  path  of 
tooth  face  (dotted).  Draw  pole-piece  width,  making  it  approximately  two- 
thirds  of  space  between  teeth  on  wheel.  Analyze  desired  waveform  to  deter- 
mine relative  amplitudes  of  heurmonics.  Draw  fundamental  so  one  cycle  fills 
width  of  pole  piece.  Draw  sine  wave  for  each  harmonic  (only  third  harmonic 
used  in  example),  and  add  to  get  <!>„.  Harmomcs  may  be  siiifted  in  relative 
phase  to  fundamental  to  get  simplest  pole-piece  profile.  Assume  flux  is 
inversely  proportional  to  reluctance  and  hence  to  dimensions  of  gap.  Measure 
metximum  flux  values  with  reference  to  minimum  flux  line,  and  plot  pointe 
across  edge  of  pole  piece  at  distance  from  tooth  path  based  on  inverse  ratio 
of  respective  flux  values. 


ELECTRONIC  MUSIC 


215 


veloped  in  inverse  ratio  to  varia- 
tions in  the  size  of  the  gap  actually 
established  with  the  assembly  com- 
pleted. This  may  be  used  to  advan- 
tage by  spacing  the  pole  piece  in- 
tended to  reproduce  relatively  pure 
sine  wave  flute  tones  as  far  as  is 
practicable  from  the  pitch  wheels. 
Conversely,  a trumpet  pole  piece 
may  be  deliberately  moved  in  closer 
than  planned  in  the  initial  design  in 
order  to  increase  its  brilliance.  The 
choice  of  gap  for  various  stops  is 
also  somewhat  dependent  on  the 
relative  amplitude  desired. 

Balance  of  the  output  from  vari- 
ous frequencies  is  partially  accom- 
plished by  varying  the  number  of 
turns  on  the  coils.  For  example,  a 
flute  stop  coil  for  the  lowest  fre- 
quency will  require  6,500  turns  of 
number  43  wire,  while  the  upper 
register  coils  for  the  same  stop  will 
be  wound  with  only  a few  hundred 
turns  of  number  39  wire. 

The  required  shift  in  relative  di- 
mensions of  pitch  wheels  and  pole 
pieces  is  accomplished  at  the  lower 
frequencies  by  making  the  diameter 
of  the  pitch  wheels  smaller  and  by 
increasing  the  size  of  the  pole  piece. 
At  the  higher  frequencies  the  wheel 
size  may  be  increased  and  the  pole 
piece  reduced. 

At  the  low-frequency  end  only  the 
portion  of  the  pole  piece  that  pro- 
jects beyond  the  coil  is  enlarged. 
This  permits  holding  coil  dimen- 
sions constant,  to  simplify  physical 
construction  of  the  assemblies. 

Output-Circuit  Arrangements 

The  output  circuit  is  designed  so 
that  all  stops  for  an  entire  keyboard 
are  brought  to  a single  preamplifier 
input.  This  is  schematically  indi- 
cated in  Fig.  4.  Series  resistors 
Ri,  Ri,  Rs,  Ri  are  used  for  isolation 
and  to  balance  the  output  from  vari- 
ous notes  within  a stop  as  well  as 
between  various  stops.  The  resistor 
values  range  from  50,000  ohms  to  1 
megohm. 

The  key  connections  operate  at- 
tenuators on  bus-bar  contacts.  The 
circuit  is  designed  so  that  the  out- 
puts from  all  the  coils  are  grounded 
except  when  a key  is  depressed. 


This  is  essential  in  order  to  elim- 
inate crosstalk  between  the  circuits 
and  requires  somewhat  unconven- 
tional methods. 

In  pipe  organs  the  attack  of  the 
tone  is  modified  by  the  discrete  in- 
terval of  time  required  for  the  valve 
to  open  and  for  the  standing  waves 
to  be  established  in  the  pipe.  There 
are  many  possible  methods  of  o'b- 
taining  control  over  the  attack  of 
the  tone. 

An  experimental  attack-control- 
ling  action  used  transformer  cou- 
pling, with  a separate  transformer 
for  each  key.  The  primary  was  sta- 
tionary and  the  secondary  was 
moved  physically  by  the  key  action 
so  that  the  coupling  was  gradually 
increased  as  the  key  was  depressed. 
This  type  of  action  has  the  advan- 
tage of  eliminating  any  possibility 
of  clicks  or  other  noises  when  the 
key  is  actuated.  It  has  the  disad- 
vantage of  being  expensive  to  pro- 
duce in  satisfactory  form  because 
of  coupling  between  circuits  and 
such  problems  as  obtaining  ade- 
quate high-frequency  response  from 
such  transformers. 

In  the  practical  organ  design,  the 
attack  is  controlled  by  attenuators 
carefully  designed  for  long  life  and 
lack  of  noise.  This  type  of  action 
makes  the  instrument  touch-sensi- 
tive, and  it  is  possible  for  an  experi- 
enced performer  to  use  this  feature 


to  advantage.  Careful  attention  to 
the  design  of  this  action,  both  me- 
chanically and  electrically,  probably 
contributes  more  to  tl;ie  simulation 
of  actual  pipe  organ  effects  than 
any  other  single  feature.  If  an  or- 
ganist is  not  told  in  advance  that 
this  instrument  generates  the  tones 
electrically,  he  will  often  have  to  be 
shown  the  generators  before  he  will 
believe  it. 

Additional  Tonal  Variations 

Since  all  of  the  generators  are 
connected  to  all  of  the  keyboards 
through  conventional  stops  on  the 
input  side  but  are  fed  into  separate 
preamplifiers  at  the  output  of  each 
keyboard,  it  is  possible  to  modify 
still  further  the  tone  colors  avail- 
able and  to  maintain  the  effect  of 
adding  ranks  of  pipes.  For  ex- 
ample, the  output  of  the  swell  man- 
ual may  be  fed  through  a flat  pre- 
amplifier while  the  great  organ  is 
fed  through  a preamplifier  with  a 
pronounced  rising  high-frequency 
characteristic.  Thus,  although  the 
same  generator  sources  are  used 
for  both  manuals,  the  stops  on  the 
great  organ  will  be  markedly  more 
brilliant  than  those  on  the  swell 
manual. 

By  using  separate  power  ampli- 
fiers and  loudspeakers  for  each 
manual,  the  effect  obtained  is  anal- 
ogous to  doubling  the  number  of 


FIG.  4 — SimplUied  schematic  illustrating  generator  and  control-circuit  design  prin- 
ciples employed  in  Mastertouch  pipeless  organ 
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available  stops.  Actually  the  flute 
stops  with  relatively  small  harmonic 
content  will  not  be  greatly  affected 
by  this  procedure.  In  practice, 
therefore,  the  number  of  stop  tim- 
bres available  is  increased  only  by 
approximately  half  in  this  manner. 
The  results  are  entirely  comparable 
in  listening  observations  to  adding 
ranks  of  pipes  in  a pipe  organ. 

The  characteristic  of  a tone  is 
modified  not  only  by  its  harmonic 
content  and  the  attack  but  also  by 
its  relative  average  loudness.  Thus, 
a diapason  tone  generator  may  be 
fed  to  the  same  manual  through  two 
stop  tabs  and  a distinct  modifica- 
tion obtained  by  introducing  a con- 
stant attenuation  in  the  circuit  of 
one  tab  only.  There  are  innumer- 
able permutations  and  combinations 
possible  through  circuitry  of  this 
kind,  including  octave  couplers  and 
couplers  between  manuals. 

"On"-Effeet  Voriations 

There  are  many  pipe-organ  stops 
and  musical  instruments  where  the 
character  of  the  sound  is  greatly 
dependent  on  fundamental  and  har- 
monic-content fluctuations  at  the 
start  of  the  tone  before  it  settles 
into  a steady  state.  This  is  partic- 
ularly true  of  such  stops  as  the 
French  horn  and  the  gedeckt  flute. 
The  design  of  the  action  and  key 
contact  arrangements  make  it  rela- 
tively simple  to  obtain  results  of 
this  kind. 

“On”  effects-  may  be  obtained 
through  extra  contactors  that  func- 
tion only  during  the  initial  travel 
of  the  key,  or  through  relays  in- 
corporating time-delay  releases.  A 
pitch  fluctuation  at  the  onset  of  a 
tone  before  it  settles  to  a steady- 
state  condition  is  easily  obtained  by 
providing  a contact  that  momen- 
tarily energizes  an  arrangement 
similar  to  the  tremulant  described 
above. 

In  conventional  pipe  organs  the 
variations  in  loudness  are  obtained 
by  placing  the  pipes  in  an  enclosed 
chamber  with  shutters  that  open 
and  close  through  a foot  control.  In 
this  organ  an  attenuator  is  used  for 
this  purpose,  controlled  by  a shoe 


identical  to  those  used  in  pipe 
organs.  This  arrangement  permits 
precise  control  over  the  loudness 
and  provides  a dynamic  range  from 
the  threshold  of  hearing  to  full 
organ. 

A separate  vernier  control  is  pro- 
vided for  the  pedal  organ  so  that 
the  organist  may  adjust  the  relative 
level  from  the  pedal  stops  in  accord- 
ance with  the  character  of  the 
music.  This  is  comparable  in  many 
ways  to  providing  additional  pedal 
stops. 

Amplifiers  and  Loudspeakers 

In  all  installations  a separate 
preamplifier  and  power  amplifier 
channel  are  used  for  each  manual 
and  for  the  pedal  keyboard.  In 
elaborate  installations  one  or  more 
individual  stops  may  be  fed  through 
separate  channels.  Each  channel 
feeds  a separate  loudspeaker  sys- 
tem so  that  a stop  that  appears  on 
two  or  more  manuals,  even  though 
it  is  derived  from  the  same  source, 
speaks  from  different  loudspeakers 
often  placed  in  different  locations. 
Thus,  even  though  the  characteris- 
tics of  the  amplifiers  are  the  same, 
the  sound  of  a string  when  played 
on  the  great  manual  will  be  appre- 
ciably different  than  when  played 
on  the  swell  manual  because  of 
the  difference  in  loudspeakers  and 
the  acoustic  conditions  of  the  loud- 
speaker locations. 

It  is  this  kind  of  elaboration  that 
contributes  considerably  to  the  abil- 
ity of  a relatively  small  organ  of 
this  design,  so  far  as  tone  color 
sources  are  concerned,  to  compete 
with  very  large  pipe  organs  from 
a price  standpoint.  As  an  example, 
a recent  installation  was  quoted 
at  $18,000  for  a three-manual  in- 
strument in  a large  church.  Pipe 
organ  quotations  for  comparable  re- 
sults ranged  from  $60,000  to  $100,- 
000. 

The  electrical  audio  power  re- 
quired is  greatly  dependent  on  the 
acoustic  characteristics  of  the  au- 
ditorium in  which  the  instrument 
is  installed.  The  acoustic  power 
output  of  a large  pipe  organ  is 
greater  than  most  people  realize.  In 


general,  it  is  desirable  to  be  able  to 
produce  with  full  organ  a minimum 
of  100  decibels  above  the  reference 
threshold  as  measured  with  a com- 
mercial sound-level  meter  in  all 
listening  locations. 

The  peak  power  from  organ 
music  is  in  the  lowest  pedal  octave. 
In  an  effort  to  produce  satisfactory 
pedal  tones  without  duplicating  the 
peak  power  output  of  a pipe  organ, 
it  is  not  uncommon  to  use  16-foot 
stops  that  are  rich  in  harmonic 
structures.  This  simulates  the  loud- 
ness subjectively  observed  but  falls 
far  short  of  achieving  the  full  deep 
foundation  tone  of  a real  16-foot 
pipe. 

•Perhaps  the  most  important 
pedal  stop  is  the  16-foot  bourdon  (a 
relatively  pure  flute  tone) . To  pro- 
duce it  from  a loudspeaker  system 
at  full  pipe  organ  level  requires 
carefully  designed  enclosures  and 
exceptionally  clean  power  ampli- 
fiers. In  a typical  church  installa- 
tion where  the  seating  capacity  was 
around  1,500  and  the  reverberation 
time  relatively  low,  100  watts  of 
electrical  audio  power  fed  to  five 
efficient  loudspeaker  systems  (con- 
sisting of  a total  of  130  loudspeak- 
ers) was  required  for  satisfactory 
results. 

The  only  really  satisfactory  sub- 
jective criterion  of  performance  in 
audio  work  is  direct  comparison.  In 
the  installation  described  above  it 
was  possible  to  make  such  a com- 
parison with  a three-manual  pipe 
organ  having  eighteen  ranks  of 
pipes.  The  test  was  made  with  fif- 
teen observers.  All  but  two  of  the 
observers  were  critical  listeners 
thoroughly  familiar  with  pipe- 
organ  tonal  attributes,  either  by 
virtue  of  being  professional  organ- 
ists, engineers  who  had  participated 
in  the  installation,  or  because  of  an 
interest  in  organ  music. 

The  test  was  made  entirely  on  the 
basis  of  whether  the  observers 
could  differentiate  between  the  in- 
struments. A few  bars  of  music 
were  played  twelve  times  on  each 
organ  using  various  stops.  Flute, 
diapason  and  string  stops  were 
used  separately  and  in  combination. 
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Several  of  the  engineers  admitted 
that  their  judgments  included  an 
intimate  knowledge  of  character- 
istics in  the  organs  that  had  little 
to  do  with  the  quality  of  the  tone. 
Even  with  this  added  factor,  no 
single  score  was  high  enough  to  be 


significant  of  anything  except  the 
close  similarity  in  the  basic  char- 
acter of  the  instruments. 
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Converts  Piano  to  Organ 


Novel  musical  arrangements  are 
now  made  possible  by  an  electronic 
converter  that  attaches  to  a piano 
so  that  it  becomes  three  instru- 
ments, a piano,  an  organ,  or  a piano- 
organ  combination. 

The  conversion  of  the  piano  is 
accomplished  by  clamping  a key 
switch  frame  across  the  keyboard  so 
that  plungers  make  contact  to  the 
keys.  Operation  of  the  keys  in  the 
normal  piano  technique  then  actu- 
ates the  switches  to  close  the  ap- 
propriate circuits  of  organ  tone 
generators  connected  to  an  audio 
amplifier  and  loudspeaker  system 
in  an  adjacent  cabinet. 

The  sources  of  all  tones  are  12 
cascade  generators.  The  circuit  of 
one  of  these  is  shown  in  the  dia- 
gram. Each  cascade  has  five  stages 
of  12AX7  twin  triodes.  Each  cas- 
cade supplies  the  tones  for  the  oc- 
tavely  related  notes  over  the  range 
of  the  instrument  (for  example,  the 
C cascade  supplies  all  the  C tones 
and  the  C#  cascade  all  the  C# 
tones).  There  is  one  output  from 
each  stage  of  all  cascades,  thus  pro- 
viding a tone  coverage  of  60  notes 
extending  from  Cl,  65  cycles, 
through  B5,  1,976  cycles. 

On  each  cascade  the  12AX7  twin 
triode  nearest  the  tuning  coil  is  both 
the  master  oscillator  and  a reac- 
tance tube.  The  master  oscillator 
triode  is  an  inductively  tuned  elec- 
tron-coupled oscillator  having  a 
sawtooth  output  waveform.  The 
other  triode  is  a reactance  tube 
across  the  master  oscillator  tank 
circuit.  Each  master  oscillator  is 
the  highest  frequency  generator  on 
its  cascade,  and  its  output  is  used 


for  the  top  octave  of  the  range,  C5 
to  B5. 

Frequency  Dividers 

The  four  remaining  tubes  on  each 
cascade  are  simple  slave  multivi- 
brators, each  locking  in  and  oscillat- 
ing at  one-half  of  the  frequency  of 


the  one  driving  it.  The  master  oscil- 
lator drives  the  first  multivibrator, 
which  in  turn  drives  the  second,  and 
so  on,  down  the  line,  to  produce  the 
five  tones,  each  an  octave  apart. 

If  a tube  or  one  of  its  associated 
parts  should  fail,  the  indication  is  a 
drop  in  pitch  of  the  note  concerned. 


GENERATOR 
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Circuit  of  multiTibrcrtor  tone  generators,  audio  ompliiier.  control  panel  and  vibrato 
oscillator  of  the  electronic  piono-to-orgon  converter.  The  block  diagram  shows  the 

sequence  of  functions 
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All  the  lower  octavely  related  notes 
will  also  be  out  of  tune. 

As  the  slave  multivibrators  are 
capacitively  coupled  and  driven,  any 
change  in  the  tuning  of  the  master 
oscillator,  by  moving  the  tuning  coil 
core,  will  also  tune  the  multivi- 
brators directly.  The  reactance  tri- 
ode  grid  is  driven  by  the  output  of 
the  vibrato  oscillator  to  frequency 
modulate  the  master  oscillator,  to 
produce  vibrato. 

Except  for  slight  differences  in 
the  values  of  some  of  the  compon- 
ents, all  12  cascades  are  similar. 

The  control  panel  that  clamps  to 
the  front  of  the  piano  contains  the 
register,  vibrato,  and  tone-quality 
selector  switches.  It  also  contains 
the  tone-control  components  and  the 
expression  control. 

The  register  selector  switches  se- 
lect either  the  bottom  register.  Cl 
through  C3,  or  the  upper  register, 
C#3  through  B5,  by  connecting  col- 
lector bars  on  the  key  switches  to 


the  tone-quality  selector  switches. 

Following  the  register  selector 
switches,  the  nqtes  played  pass 
through  the  tone  selectors,  namely 
principal,  horn,  and  string.  From 
the  tone  selectors  the  notes  played 
go  to  the  amplifier  input. 

The  principal  tone  is  obtained  by 
means  of  an  RC  filter  comprised  of 
an  18,000-ohm  resistor  and  a 0.05 
/xf  capacitor,  which  attenuate  the 
higher-frequency  components  of  the 
generated  sawtooth  waveform. 

The  horn  tone  is  obtained  by 
passing  the  generated  signal 
through  an  LC  filter.  The  filter  con- 
sists of  a 24-henry  coil  and  a 
0.003-/Af  capacitor,  and  is  peaked  at 
approximately  600  cycles.  The  horn 
is  augmented  by  borrowing  some  of 
the  principal  tone  through  a 560,- 
000  and  220,000-ohm  resistor. 

The  string  tone  is  obtained  by 
passing  the  signal  through  a very 
small  capacitor  shunted  by  a high 
resistance.  The  f string  is  produced 


by  using  a 50-)U,ju,f  capacitor  and 

1 - megohm  resistor.  The  p string 
uses  a 20fifif  capacitor  and  a 

2- megohm  resistor. 

The  8-watt  audio  amplifier  is 
conventional,  using  a master  vol- 
ume control  after  the  preamplifier 
stage  and  an  expression  control 
after  the  cathode  follower. 

The  vibrato  switches  select  either 
heavy  or  light  vibrato.  The  vibrato 
oscillator  is  a 6SL7  twin  triode,  one 
triode  of  which  is  a phase-shift  os- 
cillator. Its  frequency  is  deter- 
mined by  the  three  220,000-ohm  re- 
sistors and  the  three  0.05-/if  capaci- 
tors in  the  grid  circuit.  The  second 
triode  is  a buffer  amplifier  between 
the  vibrato  oscillator  triode  and  the 
reactance  tubes  on  the  cascade  gen- 
erators. 

The  instrument  was  developed 
and  produced  by  engineers  of 
the  Lowrey  Organ  Division  of 
Central  Commercial  Company  of 
Chicago. 


Electronic  Music  for  Four 

Novel  “wobble  organ”  bas  separate  soprano,  alto,  tenor  and  bass  oscillators  and  a com- 
mon power  pack,  amplifier  and  loudspeaker.  The  instrument  plays  anything  from  barber- 
shop ballads  to  Bach  with  a pleasing  vibrato  quality  from  which  it  gets  its  name 

By  L.  A.  MEACHAM 


At  one  time  or  another,  every 
.musically  inclined  communi- 
cations engineer  has  connected  a 
laboratory  oscillator  to  a speaker 
and  twiddled  the  frequency  dial  to 
play  himself  a tune.  But  did  any- 
one ever  provide  four  people  with 
four  oscillators,  so  that  they  might 
play  like  a barber-shop  quartet? 

Here  is  a facet  of  electronics 
which  up  to  now,  so  far  as  the 
author  has  been  able  to  discover, 
has  been  left  unexplored.  The 
question  occurred  to  him  while 
searching  for  a novelty  to  entertain 
members  of  a glee  club  at  their  an- 
nual party.  The  results  of  prelim- 
inary research  (conducted  in  the 


author’s  cellar,  since  it  was  not  an 
official  company  project)  were  re- 
ceived so  enthusiastically  that  im- 
proved models  were  designed  (in 
the  same  cellar),  playing  tech- 
niques were  improved,  and  concert 
experience  was  obtained  before  sev- 
eral surprised  and  delighted  audi- 
ences. 

The  present  state  of  the  art  is 
represented  by  the  “wobble  organ’’ 
described  in  this  article.  It  uses 
inexpensive  radio  parts,  and  offers 
interesting  possibilities  for  home 
recreation  of  the  participation  kind, 
as  well  as  for  various  entertain- 
ment fields  involving  large  groups. 

The  four  players  sit  around  a card 


table.  In  front  of  each  player 
is  a small  “playing  console”.  On 
the  floor  near  the  table  is  a cabinet 
containing  a power  supply,  an 
amplifier,  and  a speaker. 

Each  console  contains  a thyra- 
tron  sawtooth  oscillator,  with  suit- 
able control  circuits  and  a simple 
waveform-shaping  network  which 
emphasizes  or  suppresses  various 
harmonics  in  the  complex  sawtooth 
wave  and  thus  affords  a distinctive 
and  different  tone  quality  for  each 
player.  The  physical  arrangement 
of  a console  is  shown  in  Fig.  1.  The 
main  control  device  is  the  “wobble 
arm”,  carried  on  a potentiometer 
shaft  which  extends  through  the 
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sloping  front.  This  control  is  de- 
signed to  vary  the  pitch  over  a 
range  of  about  2i  octaves  (about 
6-to-l  in  frequency).  The  range  is 
at  least  that  of  the  human  voice, 
and  in  the  present  model  is  located 
differently  on  the  frequency  spec- 
trum for  each  console,  so  that  the 
four  of  them  cover  the  vocal  ranges 
of  soprano,  alto,  tenor  and  bass 
respectively.  (A  male  quartet 
model  could  be  obtained  merely  by 
changing  capacitance  values.)  The 
pitch  control,  or  wobble  arm,  is 
operated  by  the  right  hand  of  the 
player  in  relation  to  the  musical 
scale  designations  on  the  sloping 
scale  quadrant.  These  designations 
need  be  used  only  as  a rough  guide, 
but  they  are  of  great  value  eyen  to 
an  experienced  player  in  making 
rapid  and  accurate  changes  over 
large  musical  intervals,  and  they 
are  indispensable  to  .a  beginner. 

Operation  of  the  tone  source  or 
oscillator  is  not  continuous;  each 
console  can  be  turned  on  and  off  at 
will  by  the  individual  performer. 
The  four  consoles  are  normally 
silent.  Oscillation  is  started  by  a 
slight  downward  pressure  of  the 
player’s  left  hand  on  the  knob  at 
the  left  front  of  the  console.  This 
pressure  closes  a contact  applying 
plate  voltage  to  the  oscillator.  Thus 
the  player  may  use  a “portamento” 
between  notes  (leaving  the  tone  on) 
or  “detache”  (momentarily  inter- 
rupting it)  as  desired.  The  volume 
of  sound  delivered  by  the  individual 
console  to  the  common  speaker  is 
also  under  the  control  of  this  same 
knob,  which  may  be  turned  as  well 
as  pressed  by  the  player’s  left  hand. 
The  rotation  can  be  calibrated  in 
musical  symbols,  pp,  p,  mp,  mf,  f, 
and  ff,  indicating  different  degrees 
of  loudness  from  pianissimo  to  for- 
tissimo, but  in  the  present  model 
this  is  left  to  the  musical  taste  of 
the  player  and  only  p and  f are 
marked  as  rough  guides  near  the 
opposite  ends  of  the  range.  The 
switch  action  mentioned  above  is 
obtained  very  simply  by  mounting 
the  potentiometer  near  the  free  end 
of  a flat  cantilever  spring,  the  fixed 
end  of  which  is  screwed  to  the  un- 
derside of  the  console  top.  A down- 


ward motion  of  about  s^-inch 
brings  the  free  end  into  electrical 
contact  with  a fixed  metal  contact 
that  also  limits  travel. 

One  other  control,  a tuning  ad- 
justment to  compensate  for  such 
variables  as  temperature  and  aging, 
is  required,  as  in  almost  any  other 
musical  instrument.  This  tuning 
knob  is  initially  adjusted  by  the 
player’s  left  hand  while  the  corres- 
ponding wrist  presses  down  the 
“on”  knob  and  his  right  hand  aligns 
the  wobble  arm  with  a scale  mark 
(such  as  middle  C)  corresponding 
to  the  pitch  of  the  reference  source 
to  which  he  wishes  to  tune. 

The  present  consoles  are  made  of 
i-inch  plywood,  with  scale  quad- 
rants of  i-inch  pressed  hardboard. 
Each  scale  quadrant  is  made  re- 
movable to  facilitate  storage,  being 
mounted  in  slides  at  its  edges.  A 
simple  catch  is  provided  to  support 
the  free  end  of  the  wobble  arm 
when  not  in  use.  The  bottom  of 
the  console  is  made  removable  for 
access  to  component  parts. 

The  layout  of  the  speaker  cabinet 
is  conventional,  the  only  novel 
feature  being  the  provision  of  stor- 
age space  for  the  four  consoles,  two 


at  each  side  of  the  loudspeaker. 

Circuits 

Complete  schematics  are  given  of 
the  consoles  in  Fig.  2 and  the  power 
supply  and  amplifier  in  Fig.  3.  The 
thyratron  relaxation  oscillator  in 
each  console  is  of  the  type  com- 
monly used  in  oscilloscope  sweep 
circuits,  with  the  variable  timing 
resistance  used  for  the  main  pitch 
control  and  the  grid  bias  for  tun- 
ing. Different  timing  capacitors 
and  waveform-shaping  networks 
are  shown  (terminals  A,  B,  C)  for 
the  respective  consoles.  When  the 
consoles  are  plugged  together  a 
common  shielded  path  is  formed 
from  the  networks  to  the  amplifier 
input. 

The  use  of  a 1-megohm  logarith- 
mic potentiometer  in  series  with  a 
fixed  10,000-ohm  resistor  for  each 
frequency  control  provides  a rela- 
tionship between  shaft  angle  and 
musical  pitch  which  is  substanti- 
ally linear  over  a resistance  range 
of  16,000  to  450,000  ohms,  with  a 
slope  of  about  30  degrees  per  oc- 
tave. Accordingly,  each  half-tone 
occupies  2.5  degrees  and  each  whole 
tone-  5 degrees.  The  wobble  arm 


FIG.  1 — The  bass  console.  Others  are  similar  mechanically  except  for  calibration 
of  the  scale  quadrant  and  placement  of  interconnecting  plugs 
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swings  over  more  than  75  degrees, 
giving  the  desired  2i  octaves,  and 
is  set  on  its  shaft  so  that  the  mini- 
mum total  resistance  actually  used 
is  75,000  ohms.  The  potentiometer 
should  have  a molded  carbon  ele- 
ment or  equivalent  so  as  to  mini- 
mize effects  of  mechanical  wear  on 
scale  calibration. 

A voltage  divider  across  the  150- 
volt  supply  (resistors  Ri  and  in 
Fig.  2)  is  arranged  to  hold  the  plate 
of  the  thyratron  at  about  40  volts 
above  cathode  potential  while  the 
“on”  contact  is  open.  The  tube  does 
not  conduct  in  this  Condition,  be- 
cause its  firing  point  for  normal 
tuning  is  designed  to  be  near  80 
volts.  The  effect  of  the  bias  is  to 
make  the  d-c  potential  at  point  A, 
while  the  oscillation  is  off,  substan- 
tially equal  to  the  d-c  component  of 
the  sawtooth  wave  at  the  same 
point  when  it  is  on.  Figure  4 shows 
how  the  bias  eliminates  a starting 
transient  in  the  sawtooth  wave  as 
it  is  delivered  to  the  input  of  the 
shaping  network.  If  present,  the 
transient  would  give  a noticeable 
thump  at  the  beginning  of  each 
note,  particularly  if  the  volume 
were  turned  up  until  excessive  ini- 
tial voltage  rise  overloaded  the 


final  stage  of  the  amplifier. 

A voltage-doubling  selenium- 
rectifier  type  of  power  supply  (Fig. 
13)  delivers  100  milliamperes  at  250 
volts,  and  two  voltage  regulators 
are  arranged  in  series  to  provide 


stable  plate  and  bias  potentials. 
This  regulation  is  quite  important, 
not  only  to  avoid  fluctuations  of 
pitch  with  line  voltage,  but  to  keep 
the  four  consoles  independent  of  one 
another  in  spite  of  the  fact  that 


their  mean  plate  currents  change 
as  they  are  started  and  stopped  or 
as  their  pitches  are  varied. 

The  audio  amplifier  is  conven- 
tional ; it  includes  a volume  control, 
allowing  the  over-all  instrument  to 
be  adjusted  to  a room  of  any  size. 

Playing  Techniques 

Several  interesting  facts  have  de- 
veloped from  playing  and  experi- 
menting on  this  instrument.  First, 
although  steady  tones,  without  vi- 
brato, are  desirable  in  some  kinds 
of  music,  a much  more  live  effect 
can  be  obtained  by  wobbling  the 
pitch  control  smoothly  through  a 
small  range  above  and  below  the 
position  of  true  intonation.  This 
corresponds  to  the  vibrato  used  in 
playing  a violin  or  trombone,  or  oc- 
curring naturally  in  the  human 
voice.  All  who  have  learned  to  play 
thus  far  agree  that  a vibrato  of 
small  extent  (less  than  a quarter 


Rear  yiew  of  portable  case  containing  the  wobble  organ's  common  power 
supply,  speaker  and  amplifier,  with  the  four  individual  consoles  knocked  down 

and  stowed  away 


FIG.  2 — Circuit  of  one  of  the  four  consoles,  in  this  case  the  tenor  console.  The  other 
three  are  identical  electrically  except  for  timing  and  waveform-shaping  networks. 
Component-part  values  and  circuits  are  shown  for  the  soprano,  alto  and  bass  units 
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FIG.  3 — Circuit  of  the  common  power  supply,  amplifier  and  loudspeaker  unit 


tone  peak-to-peak)  and  at  a rate 
of  about  4 ot  5 per  second  is  de- 
sirable. This  motion,  as  may  be 
guessed,  accounts  for  choice  of  the 
name  wobble  organ. 

To  allow  the  player’s  right  hand 
to  produce  vibrato  with  a comfort- 
able wrist  motion  the  notes  should 
be  spaced  well  apart  on  the  dial.  A 
spacing  of  about  one  inch  per  whole 
tone  appears  to  be  a reasonable 
minimum.  This  figure,  taken  with 
the  potentiometer  calibration  of  5 
degrees  per  whole  tone  noted 
earlier,  leads  to  a figure  of  about 
one  foot  for  the  length  of  the  wobble 
arm. 

It  may  be  noticed  in  Fig.  1 that 
the  scale  quadrant  (in  this  bass 
console)  is  calibrated  with  high 
notes  toward  the  left  and  low  notes 
toward  the  right.  This  comes  about 
because  logarithmic  potentiometers 
having  a left-handed  taper  are 
not  commonly  stocked  in  suitable 
sizes.  Although  players  quickly  be- 
come accustomed  to  this  arrange- 
ment, it  has  been  found  that  most  of 
them  would  prefer  to  have  the  scale 
reversed  to  match  the  convention  of 
the  piano  keyboard. 

Experience  has  been  obtained  both 
with  family  groups  playing  for  their 
own  entertainment,  an^  with  quar- 
tets well  rehearsed  for  public  per- 
formance. Some  solo  work  has  also 
been  done  using  a single  console 
with  piano  accompaniment.  In  every 
case  enjoyment  and  recreation  value 
have  been  strikingly  evident.  Even 
two  professional  symphony  players 
who  took  part  in  one  of  thd  quar- 
tets were  highly  entertained  and. 


incidentally,  behaved  like  the  ama- 
teurs in  that  they  played  awkwardly 
at  first  but  improved  very  rapidly. 

The  music  used  has  varied  from 
simple  “rounds”  and  folk  songs  to 

Bach  chorales.  Although  no  sugges- 
tion is  intended  that  the  wobble 
organ  may  ever  join  the  ranks  of 
the  serious  musical  instruments, 
nevertheless  it  can  do  things  with 
Bach  that  are  actually  rather  satis- 
fying. It  has  a voice-like  quality, 
and  yet  overcomes  certain  vocal  re- 
strictions. The  Soprano  never 
strains  for  high  passages,  the  alto 
cannot  possibly  run  short  of  breath. 


the  tenor  never  cracks  and  the  bass 
has  power  at  his  command  for  his 
very  lowest  note. 


lA) 

(B) 


FIG.  4 — Waveform  at  point  X of  Fig.  2 
at  start  of  oscillation  (A)  without  bios 
derived  from  the  bleeder  Rj  Rt  and  (B) 
with  the  bios 


Solovox  Principles 

By  FREDERICK  D.  MERRILL,  JR. 


For  many  years  there  has  been  a 
need  for  a really  small,  compact, 
portable  musical  instrument  which 
would  permit  single  tone  solo  per- 
formance with  versatility  of  timbre, 
pitch  range  and  tone  envelope.  Al- 
though such  a device  would  prefer- 


ably use  a standard  keyboard  play- 
ing technique,  conservation  of  width 
necessitates  cutting  down  the  num- 
ber of  keys.  Early  commercial  mod- 
els in  this  field  received  scant  atten- 
tion because  either  a new  playing 
technique  had  to  be  learned  or  the 


range  in  timbre  was  too  limited. 

The  Solovox  manufactured  by 
Hammond  Instrument  Company  rep- 
resents a new  approach  to  this  prob- 
lem. Although  it  may  be  played  in- 
dependently, the  combination  with 
a piano  is  particularly  appropriate 
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because  the  organ  quality  furnishes 
a pleasing  contrast  to  the  percussive 
attack  of  the  piano  strings. 

General  Principle  of  Operation 

The  principle  of  operation  resem- 
bles that  of  the  Novachord  (Elec- 
tronics, Nov.,  1939)  in  some  re- 
spects. A single  master  oscillator 
feeds  into  a cascaded  series  of  fre- 
quency dividing  circuits.  Unlike  the 
Novachord,  however,  the  master  os- 
cillator frequency  is  varied  accord- 
ing to  the  key  being  depressed.  For 
this  reason  only  one  tone  may  be 
played  at  a time  and  chords  are  not 
possible  except  where  these  fre- 
quencies are  related  by  octaves.  The 
frequency  dividers  themselves  are 
really  controlled  oscillators  and  not 
simply  frequency  divider  tubes  as  in 
the  Novachord.  Tuned  resonant  or 
“formant”  circuits  provide  a wide 
range  of  timbre.  The  attack  or  en- 
velope is  regulated  by  the  grid  bias 
variation  of  the  control  tube  when  a 
key  is  depressed.  There  are  only 
three  octaves  of  keys  available  but 
nevertheless  six  octaves  in  pitch 
range  are  present  since  five  divider 
oscillator  tubes  operate.  This  rep- 
resents a spread  of  65.4  to  3951  cps. 
The  register  controls  (bass,  tenor, 
contralto,  soprano  tablet  switches) 
choose  the  desired  range  or  ranges 
of  frequency  at  which  the  instru- 
ment operates.  The  block  diagram 
outlines  the  functions  of  the  various 
sections  of  apparatus. 

The  Generator  Section 

The  frequency  of  the  master  os- 
cillator is  adjusted  to  any  of  the 
twelve  chromatic  tones  of  the  high- 
est octave  range  of  the  instrument 
(2093  to  3951  cps)  by  depressing 
any  of  the  36  keys.  The  actual  oc- 
tave pitch  at  the  loudspeaker  may 
be  the  same  as  the  master  oscillator 
or  one  or  more  octaves  lower,  de- 
pending dn  the  number  of  divider 
stages  chosen  jointly  by  the  key  oc- 
tave position  and  the  register  con- 
trol. 

The  first  controlled  oscillator 
(buffer)  is  stabilized  by  the  master 
oscillator  and  operates  at  the  same 
frequency.  Each  succeeding  tube  is 
essentially  a frequency  dividing  os- 


cillator unit  and  its  output  tone  is 
consequently  of  one-half  frequency. 
In  all  there  are  six  tone  outputs 
separated  by  octave  intervals  always 
available. 

The  second  controlled  oscillator  is 
tuned  to  approximately  one-half  that 
of  the  frequency  of  the  buffer  os- 
cillator. Its  frequency  is  stabilized 
to  be  exactly  one-half  that  of  the 
buffer  oscillator  by  applying  a “lock- 
ing” signal  from  the  buffer  oscil- 
lator to  its  grid  circuit  through  a 
potentiometer.  These  controlled  os- 
cillators are  of  the  relaxation  type 
and  their  frequency  may  be  adjusted 
by  altering  the  grid  bias.  Thus,  all 
the  controlled  oscillators  are  tuned 
simultaneously  to  their  approximate 
sub-octave  frequencies  by  employing 
tuning  resistors  (in  parallel  with  the 
master  oscillator  tuning  condensers) 
for  the  appropriate  grid  bias.  The 
amount  of  bias  varies  with  the  dif- 
ferent keys. 

The  oscillators  all  operate  at  their 
top  pitches  when  no  key  is  depressed. 
When  a key  other  than  B is  de- 
pressed, all  oscillators  simultane- 
ously shift  to  the  frequencies  corre- 
sponding to  the  key.  The  master 
oscillator  is  accurately  tuned  by  the 
tuning  condensers  and  the  controlled 
oscillators  by  the  tuning  resistors. 

The  particular  oscillator  output 
which  the  loudspeaker  reproduces  is 
determined  by  a second  contact  un- 
der each  key,  called  the  control  con- 
tact. Three  relays  are  connected  to 
the  respective  control  contacts  of 
the  keys  in  the  separate  upper,  mid- 
dle, and  lower  octaves.  Each  relay 
has  a contact  to  connect  the  grid  of 
the  preamplifier  tube  to  the  desired 
oscillator  through  the  register  con- 
trols. For  example,  if  the  “So- 
prano” control  is  actuated,  and  the 
G key  in  the  middle  of  the  keyboard 
depressed,  then  the  tuning  contact 
under  the  key  will  tune  all  the  oscil- 
lators to  the  G tones  of  the  various 
octaves  and  the  control  contact  will 
operate  the  middle  octave ‘relay.  This 
relay  completes  a circuit  from  the 
output  of  the  second  controlled  os- 
cillator through  a register  control 
resistor  to  the  middle  octave  relay 
contact,  and  then  to  the  preamplifier 
tube.  Thus,  the  register  controls 


shift  the  pitch  range  of  the  keyboard 
as  a whole  to  four  different  positions. 
In  addition,  by  simultaneously  de- 
pressing two  or  more  of  these  con- 
trols, a composite  tone  will  be  heard 
consisting  of  the  outputs  of  several 
oscillators  sounding  simultaneously 
in  their  octave  relations. 

Other  contacts  associated  with 
each  of  the  relays  serve  to  prevent 
undesirable  tones  from  occurring 
when  two  keys  are  depressed  simul- 
taneously in  adjoining  groups.  If 
two  keys  are  depressed  within  one 
of  the  three  octave  groups  then  the 
lowest  pitched  of  the  two  will  be 
automatically  selected  for  sounding 
through  the  speaker. 

There  are  two  main  divisions  to 
the  timbre  control  methods.  First 
there  is  a “mute”  tube  which  oper- 
ates nonlinearly  to  suppress  the 
sharp  curvature  of  the  input  signal 
waveform,  and  thus  weakens  the 
higher  overtones.  When  this  more 
mellow  timbre  is  not  desired,  the 
mute  switch  is  used  to  by-pass  the 
signal  around  the  tube. 

The  second  section  of  the  timbre 
control  circuits  alters  the  frequency 
characteristics  of  the  amplifier.  The 
“Deep  Tone”  switch  allows  a con- 
denser to  by-pass  the  highs.  The 
“Brilliant  Tone”  switch  connects  an 
inductance  between  high  side  and 
ground  so  as  to  furnish  a compara- 
tively low  impedance  path  to  ground 
for  the  low  frequencies,  resulting  in 
their  removal  from  the  following 
stage.  “Full  Tone”  retains  both  the 
high  and  low  frequency  components. 
The  “First  Voice”  and  “Second 
Voice”  consist  of  resonant  circuits 
tuned  to  respectively  the  500-cps 
zone  and  the  lOOO-cps  zone.  These 
tone  control  circuits  are  connected 
in  series  so  each  may  be  used  inde- 
pendently of  the  others.  This  tim- 
bre control  method  relies  on  the  ex- 
treme richness  of  harmonics  from 
the  output  of  the  preamplifier  tube. 

Envelope  Control 

Complete  control  over  the  tone 
envelope  is  not  provided  in  this  in- 
strument. However,  the  tone  onset 
may  be  adjusted  to  slow  or  fast,  the 
former  being  used  particularly  for 


ELECTRONIC  MUSIC 


223 


the  organ,  orchestra  wind  instru- 
ment and  string  simulation.  The 
rate  of  decay  cannot  be  adjusted  ex- 
cept by  using  the  knee  operated  vol- 
ume control.  There  is  provision 
made  to  eliminate  decay  transient 
thumps. 

A gradual  buildup  of  the  volume 
from  an  individual  tone  to  produce 
an  organ  or  wind  instrument  effect 
is  obtained  as  follows.  The  control 
contacts  under  the  playing  keys 
serve  to  remove  the  cutoff  bias  from 
the  control  tubes  as  well  as  to  oper- 
ate one  of  the  three  relays.  This  is 
brought  about  by  dropping  the  bias 
to  below  cutoff  for  these  variable  mu 
control  tubes.  The  time  constant  of 
the  grid-cathode  circuit  slows  up  the 
tone  beginning  and  ending  so  as  to 
eliminate  loudspeaker  keying  clicks. 
To  speed  up  the  attack  a 0.1  /xf  con- 
denser connected  between  the  con- 
trol tube  cathodes  and  grids  may  be 
disconnected  by  operating  the  “fast 
attack”  switch. 

The  Vibrato 

The  vibrato  effect  is  produced  by 
a small  piece  of  powdered  iron  mov- 
ing in  and  out  of  a coil  connected  to 
a tap  on  the  master  oscillator  tuning 
coil  so  that  the  oscillator  frequency 
varies.  The  iron  itself  is  supported 
by  a magnetically  driven  reed  which 
is  first  set  into  motion  when  the  vol- 
ume control  lever  is  pulled  forward 
in  starting  the  instrument. 

Volume  Controls 

There  are  tw’o  volume  controls  pro- 
vided in  the  instrument.  The  first 
limits  the  maximum  volume  obtain- 
able from  the  instrument  and  is 
located  under  the  keyboard  compart- 
ment so  that  adjustment  may  be 
made  for  the  particular  room  being 
used.  Normally  it  is  not  operated 
during  the  playing  of  the  instru- 
ment. A knee  swell  used  by  the 
player  for  volume  expression  moves 
a switch  connected  to  seven  fixed  re- 
sistors. These  form  a part  of  a 
voltage  divider  circuit  which  varies 
the  grid  bias  to  the  remote  cutoff 
control  tubes,  so  as  to  change  the 
gain. 


Tuning 

The  Solovox  is  tuned  once  to  put 
it  in  agreement  with  the  piano  or 
other  instruments  it  is  accompany- 
ing and  no  additional  retunings  are 
necessary.  Since  but  one  master 
oscillator  is  used,  the  entire  opera- 
tion is  accomplished  by  adjusting  the 
frequency  of  the  master  oscillator 
alone  by  turning  a knob  located  on 
one  corner  of  the  tone  cabinet.  This 
results  in  moving  a powdered  iron 
core  in  or  out  of  an  inductance  in 
the  master  oscillator  circuit.  The 
controlled  oscillators  can  also  be  re- 
adjusted to  correct  pitch  should  one 
attempt  to  alter  the  master  oscil- 
lator greatly  from  its  normal  fre- 
quency, but  this  is  seldom  necessary. 

An  interior  view  of  the  generator 
and  amplifier  chassis  as  well  as  the 
loudspeaker  cabinet  is  shown  in  the 
accompanying  photograph.  The  large 
round  container  at  the  left  protects 
the  relays  from  dust,  etc.  This  as- 
sembly is  so  shallow  that  it  may  be 
attached  to  either  side  of  an  upright 


piano  or  to  the  bottom  of  a grand 
piano. 

In  the  belief  that  the  instruinent 
would  find  particular  application 
with  pianos  to  provide  a wind  in- 
strument solo  part,  the  keyboard 
with  the  associated  control  tablets 
is  designed  to  be  attached  to  the 
front  edge  of  the  piano  as  shown  in 
the  illustrations.  The  lowest  C is 
placed  opposite  the  middle  C of  the 
piano  so  that  the  thumb  of  the  right 
hand  can  play  the  Solovox  and  the 
remaining  fingers  simultaneously  de- 
press the  piano  keys  for  accompani- 
ment similarly  as  is  often  done  by 
organists. 

The  wide  range  of  tone  colors, 
frequency,  and  organ-like  attack 
with  optional  vibrato  provide  a small 
solo  keyboard  instrument  of  great 
versatility. 

Readers  are  referred  to  United 
States  Patents:  Re  20,831;  Re 
21,137;  2,099,204;  2,117,002;  2,142,- 
580;  2,203,432;  2,203,569  for  back- 
ground information  on  this  elec- 
tronic musical  instrument. 


Fast  attack" 


Block  diagram  of  the  electrical  circuiti  of  the  SoIotox.  The  keys  control  the 
frequency  of  the  master  oscillator  and  controlled  oscillators,  whereas  the  tone 
toblets  coimect  Torious  tone-modifying  ouxiliary  amplifiers  and  filters 
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Design  for  an  Electronic  Reed  Organ 

Electrostatic  pick-up  directly  from  the  reeds  of  a conventional  inexpensive  pneumatic  har- 
monium, using  the  method  employed  in  electronic  pianos,  makes  it  possible  to  enrich  the 
tone,  increase  the  volume  range  and  provide  new  timbres 


By  FREDERICK  D.  MERRILL,  JR. 


Nearly  every  radio  experi- 
menter with  a love  for  music  has 
dreamed  of  having  a fine  pipe  organ 
installed  in  his  own  home,  if  only 
the  instrument  were  not  so  expen- 
sive. It  is  possible,  however,  to  con- 
struct an  electronic  organ  giving 
beautiful  tones  at  a small  fraction  of 
the  prohibitive  cost  of  commercial 
instruments.  Such  an  instrument 
may  be  constructed  with  the  familiar 
reed  organ  as  a foundation.  Several 
different  timbres  can  be  controlled 
by  stop  buttons,  the  tone  is  truly 
organesque,  and  even  the  deep 
pedal  tones  may  be  reproduced.  The 
usual  reed  sounds  are  much  im- 
proved by  electronic  amplification. 

Any  reed  organ  may  be  made  elec- 
tronic by  the  simple  method  of 
threading  a machine  screw  through 
the  reed  cell  near  the  tongue.  The 
screw  acts  as  an  electrostatic  pick-up 
member.  With  only  one  rank  of 
reeds  the  greatest  practical  variation 
is  from  bass  and  treble  tone,  but 
two  ranks,  pitched  an  octave  above 
and  below  a third  rank,  permit  a 
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wide  pitch  and  timbre  range.  Figure 

1 illustrates  a typical  reed.  Figure 

2 shows  the  reed  equipped  with  pick- 
up screw  for  converting  the  mechan- 
ical vibrations  of  the  reed  tongue 
into  minute  electric  currents. 

Reed  organs  are  obtained  very 
cheaply  from  music  stores.  Churches 
sometimes  have  an  old  unused  one 
lying  around.  It  is  unnecessary  to 
purchase  a new  one  since  second- 
hand ones  can  easily  be  found  with  a 
little  searching.  The  better  ones 
have  several  banks  of  reed  cell  blocks 
as  well  as  pedal  keys  and  swell  pedal. 

The  Pick-up  System 

There  is  one  pick-up  screw  for 
each  reed.  All  pick-up  screws  are 
connected  by  a five  mil  diameter 
steel  piano  wire  which  fits  tightly  in- 
side the  thread  of  the  screw,  forming 
a full  loop.  The  preferred  screws  are 
hexagonal  headed  brass,  flat  end,  of 
diameter  a little  larger  than  the 
tongue  width.  The  hexagonal  head 
permits  adjustment  with  an  open 
ended  wrench  or  pliers.  The  brass 
diminishes  corroding  and  the  flat 
end  advantage  is  illustrated  in  Fig. 
4.  A concave  or  convex  shape  re- 
duces the  effective  capacity  between 
screw  and  tongue. 

It  is  important  to  line  up  the  screw 
and  tongue  accurately.  This  is  ac- 
complished by  a special  tool  shown 
in  Fig.  5.  The  left  side  of  tool  (as 
shown  in  the  side  elevation)  is  the 
same  size  as  a reed  base.  The  right 
side  has  three  holes  for  marking  the 
drilling  point  in  the  reed  cell  for 
the  pick-up  screw.  The  tool  fits  into 
the  cell  and  a scriber  marks  through 
the  hole,  onto  the  outside  wood.  This 
operation  is  carried  out  with  the  top 
covering  the  reed  block  removed  from 


instrument  so  that  the  drilling  will 
be  feasible.  During  the  drilling  the 
reeds  are  removed  from  cells  to 
prevent  injury  to  them.  All  wood 
splinters  and  dirt  must  be  removed 
before  the  reeds  are  again  inserted 
for  blowing.  Should  a speck  of  dust 
lodge  between  reed  tongue  and  its 
slotted  base,  it  can  be  removed  by 
sliding  a thin  piece  of  paper  under 
tongue. 

For  the  long  low  frequency  reeds, 
the  preferred  pick-up  point  is  about 
two-thirds  the  distance  from  the 
base  towards  the  tip.  With  the 
medium  frequency  reeds  the  distance 
is  increased  to  about  three-quarters, 
and  in  the  high  frequency  reeds  the 
pick-up  screw  is  located  right  at  the 
tongue  tip.  There  is  a small  change 
in  timbre  as  the  pick-up  screw  is 
moved  along  towards  the  tip  but 
this  is  relatively  useless  as  a tim- 
bre variation  method.  For  the  low- 
est octave  or  two  the  output  from  a 
single  pick-up  screw  may  be  too  low. 
The  output  may  be  increased  by  em- 
ploying two  or  three  screws  along  the 
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tongue  length. 

It  is  well  to  lacquer  the  screw  end 
heavily  so  that  any  chance  contact 
between  tongue  and  screw  will  not 
produce  a loud  “pop”  in  the  loud- 
speaker. The  reed  bases  are  con- 
nected together  by  a pair  of  fine 
steel  wires  imbedded  in  the  felt  and 
running  the  length  of  the  bank  in 
back  of  the  bases. 

Diminishing  the  Residual  Acoustic 
Tone 

Since  the  organ  will  be  operated 
with  the  pedal  controlling  the  vol- 
ume of  sound  coming  from  loud- 
speaker, it  is  desirable  to  lessen  the 
direct  output  sound  from  the  reeds 
themselves.  If  this  is  not  carried 
out,  the  direct  reed  tone  will  pro- 
duce a timbre  different  from  that 
coming  from  the  loifdspeaker,  when 
the  gain  of  the  amplifier  is  reduced. 
A felt-lined  box  covering  the  reeds 
will  help.  To  permit  air  to  pass  into 
the  box,  several  holes  or  slits  are 
cut  in  the  wood  and  the  air  allowed 
to  suck  through  the  felt. 

Electrostatic  Shielding 

Electrostatic  shielding  must  be 
provided  to  prevent  stray  fields  from 
getting  into  the  pick-up  lines  and 
causing  hum.  The  cheapest  material 
is  gold  or  silver  paper  obtainable 
from  stationery  stores.  One  may  also 
apply  Aquadag,  a colloidal  graphite 
diluted  in  alcohol,  with  a paint  brush. 
The  resistance  to  ground  when  dry 
should  not  exceed  50,000  ohms.  Con- 


centrated Aquadag  paste  may  be 
obtained  from  Acheson  Oildag  Corp., 
Port  Huron,  Michigan.  The  shield- 
ing is  applied  to  the  outside  of  the 
small  box  covering  the  reed  banks. 
If  the  instrument  has  the  entire 
amplifier  and  loudspeaker  within  the 
same  console  as  the  reeds,  then  it 
will  probably  be  necessary  to  shield 
the  a-c  cords  inside  the  cabinet.  If 
one  listens  to  the  loudspeaker  for 
hum  while  a lamp  cord  carrying  al- 
ternating current  is  moved  around 
the  console,  the  effectiveness  of  the 
shielding  may  be  judged. 

For  reed  organs  already  equipped 
with  draw  knobs  or  tabs  for  timbre 
control,  it  is  simplest  to  retain  that 
system  although  other  electrical 
methods  are  available  and  will  be 
explained  later.  The  pneumatic  sys- 
tem operates  solely  by  a long  wood 
strip  surfaced  with  leather,  pivoting 
down  over  the  air  inlet. 

Several  precautions  may  be  neces- 
sary to  prevent  the  movement  of  this 
strip  from  generating  noise.  When 
the  leather  surface  strikes  against 
the  reed  cell  partitions  and  reed 
bases  a loud  thu'd  may  be  heard  from 
loudspeaker.  This  undoubtedly  arises 
from  the  agitation  of  the  leather 
dielectric  in  the  electrostatic  field, 
generating  static  fields  which  feed 
electric  impulses  into  the  amplifier. 
If  the  leather  edge  farthest  from  the 
reed  base  and  nearest  to  hinges  is 
painted  with  Aquadag  and  grounded, 
most  of  this  noise  will  disappear. 
Another  loudspeaker  noise  occurring 


when  this  wood  strip  is  moved  may 
resemble  a rattle  or  scratching.  This 
can  come  from  the  brass  hinges  sup- 
porting the  movement  of  the  strip 
and  is  cured  by  scraping  a little  of 
the  lacquer  off  each  hinge  half  and 
joining  with  a flexible  wire  by  sol- 
dering. It  must  be  emphasized  that 
any  intermittent  metallic  contact  in 
the  electrostatic  pick-up  field  or 
grounding  and  shielding  circuits  is 
liable  to  generate  noise.  The  pre- 
vention consists  in  making  the  con- 
tact positive  at  all  times. 

The  limitation  of  the  pneumatic 
stop  control  system  lies,  in  the  diffi- 
culty of  adding  the  electric  timbre 
control  to  the  draw  knob  motion. 
One  may,  of  course,  have  separate 
bass  and  treble  tone  control  poten- 
tiometer knobs.  But  with  this  pneu- 
matic strip,  the  bank  of  reeds  is 
either  contributing  100  per  cent  elec- 
tric output  or  none;  there  is  no 
variation  possible  between  those  ex- 
tremes. 

The  Pick-up  Amplifier 

Approximately  100  db  gain  is 
needed  in  the  amplifier,  with  an  in- 
put resistance  of  two  megohms.  The 
frequency  range  depends  at  its  low- 
est limit  on  the  lowest  frequency 
reed  used.  The  upper  limit  is  about 
6000  to  8000  cps.  Of  course,  4t  is 
useless  to  have  available  a lower  fre- 
quency limit  than  that  the  loud- 
speaker is  capable  of  reproducing. 
The  coupling  of  harmonium  reeds  to 
the  air  is  extremely  inefficient  for 
frequencies  below  100  cps  and  it  is 
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several  now  on  the  market  that  may 
be  obtained  for  less  than  two  dollars. 

A pre-set  volume  control  in  front 
of  this  potentiometer  in  the  pre- 
amplifier common  channel  is  neces- 
sary to  avoid  turning  the  gain  be- 
yond the  point  at  which  overload 
and  distortion  appears  in  the  loud- 
speaker. 

Choice  of  the  Loudspeaker 

A twelve-inch  loudspeaker  is  the 
smallest  that  can  be  recommended 
for  adequate  volume  and  the  15-inch 
electro-dynamic  is  preferred.  The 
low  frequency  pedal  tones  can  only 
be  reproduced  with  a large,  baffle 
plane,  infinite  baffle  arrangement 
(sound  absorbing  back)  or  bass  re- 
flex. Resonant  sound  chambers  for 
accentuating  the  bass  have  the  un- 
desired weakness  of  dulling  the 
stridency  of  tones  and  lengthening 
the  damping  period,  but  some  eco- 
nomical compromise  must  be  effected 
between  deepness  of  bass  and  bril- 


liancy of  treble.  Trained  ears  will 
quickly  detect  a synthetic  bass  which 
lacks  real  strength  in  the  fundamen- 
tal, or  perhaps  one  should  say  the 
sense  of  feeling  detects  the  deficiency, 
since  the  bass  tones  are  felt  as  much 
as  they  are  heard. 

No  organ  would  be  complete  with- 
out a tremulant,  which  introduces  a 
low-frequency  variation  in  volume. 
The  most  obvious  way  to  arrange 
this  is  to  vary  the  amplifier  gain  at 
a periodic  rate  between  six  and 
twelve  times  a second,  and  thus  the 
loudspeaker  volume  rises  and  falls. 
A superior  scheme  would  raise  and 
lower  the  frequency  of  all  the  notes 
along  with  a change  in  their  volume. 
This  may  be  brought  about  in  the 
familiar  Doppler  effect  by  arranging 
a single  paddle  to  move  to  and  fro 
in  front  of  a loudspeaker.  Alternate 
pulses  push  out  the  air  and  pull  it  in 
so  that  the  frequency  fluctuates  as 
well  as  the  volume.  The  pivot  axis  is 
towards  the  base  of  the  celotex  board. 


Fig.  8 — Simpliiied  circuit  showing  separate  two  stage  pre-ompUfiers 
(6F5  and  6C5  tubes)  for  each  bonk 


With  many  reed  organs  there  is  al- 
ready a pneumatic  provision  for 
tremulant  by  rapidly  opening  and 
shutting  the  air  equalizer  chamber. 

Installation  of  Amplifier  and  Loud- 
speaker 

The  amplifier  and  loudspeaker  are 
preferably  placed  within  the  organ 
console  if  space  permits  this.  In  any 
case,  the  pre-amplifier  section  should 
be  inside  the  organ  to  keep  the  lead 
from  pick-up  screws  to  input  short. 
It  is  best  to  have  that  lead  formed 
of  high-voltage  auto  ignition  cable 
tc  insure  against  leakage  noises.  To 
eliminate  loading  the  pick-up  system 
with  the  dead  capacity  of  shielding 
for  this  lead,  no  shielding  is  used 
unless  it  is  necessary  to  prevent  a-c 
hum.  At  this  highly  sensitive  input, 
the  insulation  resistance  must  be 
high — ^at  least  a hundred  megohms. 
Ordinary  tape  insulation  is  unsatis- 
factory and  all  leakage  paths  should 
have  a full  inch  length. 

Accessibility  of  all  parts  warrants 
careful  consideration.  Where  sepa- 
rate channels  are  used  for  preampli- 
fiers, the  outputs  can  be  arranged 
with  detachable  plugs. 

Voicing  of  Pick-up  Screws 

Having  connected  all  the  electric 
parts,  one  next  proceeds  to  the  voic- 
ing or  adjustment  of  pick-up  screws 
for  uniform  loudness  from  the  loud- 
speaker. The  first  stage  of  this  rough 
adjustment  can  take  place  by  blow- 
ing a reed  in  normal  manner  while 
the  screw  is  threaded  in  until  a buzz- 
ing indicates  contact  is  being  made 
with  vibrating  tongue  and  then  the 
screw  is  backed  off  a full  turn. 

The  first  precaution  is  to  hold  down 
adjoining  bass  keys  and  observe, 
when  they  are  suddenly  released, 
whether  sharp  clicks  come  from 
loudspeaker.  If  disagreeable  noises 
do  result,  then  the  reed  tongues  are 
slapping  against  the  screws  so  the 
latter  must  be  backed  off  farther. 
When  all  such  thumps  have  been 
eliminated  by  checking  with  various 
key  combinations,  then  one  can  start 
to  drop  down  the  volume  of  the 
louder  reeds  to  balance  with  the 
softer  ones  all  over  the  keyboard. 
The  extreme  bass  and  treble  may 
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be  a little  weaker  than  the  middle 
region  but  that  is  unimportant  if 
there  is  no  abrupt  shift  in  volume 
going  from  one  key  to  another.  An 
a-c  voltmeter  across  the  voice  coil 
furnishes  the  most  convenient  in- 
dication for  volume  equality,  al- 
though the  ear  must  be  the  final 
judge.  Each  rank  of  reeds  is  voiced 
separately  before  their  outputs  are 
combined. 

Setting  up  the  Stops 

If  there  are  already  stop  draw 
knobs  on  the  console,  these  may  be 
marked  16  feet,  8 feet,  and  4 feet, 
and  this  designation  refers  to  the 
frequency  of  each  set  of  reeds.  For 
the  8-foot  stop  depressing  the  mid- 
dle A key  gives  the  expected  tone 
frequency  of  440  cps.  The  same  key 
with  the  16-foot  stop  gives  the  oc- 
tave below  and  the  4-foot  stop  the 
octave  above  middle  A. 

In  this  case  there  are  seven  stops 
which  can  be  quickly  set  up:  (1) 
16  feet  alone;  (2)  8 feet  alone;  (3) 
4 feet  alone;  (4)  16  feet  and  8 feet 


together;  (5)  8 feet  and  4 feet  to- 
gether; (6)  16  feet  and  4 feet  to- 
gether; (7)  16  feet,  8 feet,  and  4 
feet  together.  Other  combinations 
take  into  consideration  the  bass  and 
treble  tone  controls.  A general  ob- 
jective is  to  determine  the  thinnest 
timbre  (rich  in  upper  harmonics) 
and  the  thickest  timbre  (strong 
fundamental  and  weak  in  overtones) 
and  divide  the  stops  between  these 
extremes.  Another  desirable  pair  of 
stops  is  (1)  strong  volume  treble 
section  tapering  down  to  weak  bass 
section;  (2)  the  reverse.  Also  the 
16  feet,  8 feet,  and  4 feet  stops 
may  be  combined  in  percentages 
other  than  100  or  zero  when  the 
separate  channel  mixing  system  is 
used.  It  is  impractical  to  give  more 
specific  directions  on  setting  up  the 
timbres  since  tastes  and  the  instru- 
ment itself  vary  so  much.  That  is, 
one  instrument  may  have  just  one 
bank  of  reeds  while  another  may 
have  a half  dozen  or  more. 

To  aid  setting  up  the  timbres,  one 
button  of  the  switch  should  be 


selected  to  throw  on  manually  oper- 
ated controls  for  each  reed  bank,  the 
bass  and  treble  tone  controls  and 
volume  control.  Thus  one  may  mix 
the  tones  at  will  and  use  this  arrange- 
ment to  compare  with  the  stons  pre- 
viously set  up.  The  six  knobs  of  the 
potentiometers  (assuming  separate 
channel  system  for  inputs)  may  be 
inside  the  console,  or  left  outside  for 
the  musician  playing  the  finished  in- 
strument to  modulate  from  one  tim- 
bre to  another  in  continuous  fash- 
ion rather  than  to  break  up  the  tone 
continuity  by  pushing  another  but- 
ton to  obtain  a different  timbre. 

The  loudspeaker  volume  output  for 
a given  gain  setting  should  be  about 
the  same  for  all  the  stops,  since  the 
swell  pedal  can  cover  the  full  range 
from  minimum  to  maximum  undis- 
torted amplifier  output. 

It  is  hoped  that  this  general  de- 
scription will  be  found  sufficiently 
clear  and  complete  to  enable  the  ex- 
perimenter to  carry  out  the  con- 
struction of  an  electronic  organ. 


Experiments  with  Electronic  Organs 

By  JOHN  H.  JUPE 


Experiences  in  the  construction  of 
various  electronic  organs  are  re- 
lated by  S.  K.  Lewer  in  Electronic 
Engineering  for  September,  1944. 
He  was  confronted  by  a choice  of 
(a)  complex  waveforms,  analyzed 
by  the  keyboard  controls  into  the 
various  tones  required;  or  (b)  sine 
waves,  synthesized  by  the  keyboard 
controls  into  the  various  tones. 

He  chose  (a)  and  decided  that  an 
electrostatic  method  of  generation 
was  best  for  the  amateur  because 
cutting  and  shaping  liietal  elec- 
trodes is  easier  than  winding  large 
numbers  of  electromagnets  or  set- 
ting up  precision  optical  systems, 
and  because  time  delay  resistance- 
capacitance  circuits  provide  easy 
means  of  controlling  tone  etc.  This 
original  choice  has  been  confirmed 
by  later  experiments. 

The  first  experimental  generator 


was  a gramaphone  record  with  equi- 
spaced  tinfoil  waveforms  pasted  on 
it  and  using  a fixed  pickup  elec- 
trode. Both  this  and  a later  all- 
metal  disc  were  discarded  because 
of  modulation  or  tone  variation  pro- 
duced by  mechanical  defects.  The 
system  evidently  required  a high 
degree  of  mechanical  precision. 
There  were  also  difficulties  concern- 
ing accuracy  of  frequency  when  a 
number  of  discs  were  driven  from 
a common  shaft. 

Vibration  Methods 

Vibratory  systems  were  then  ex- 
amined and  a start  was  made  using 
stretched  wires,  where  the  vibra- 
tions produce  variations  of  capac- 
itance which  are  translated  into  os- 
cillatory voltages  across  a high  re- 
sistance. To  generate  sustained 


(organ)  tones,  the  wires  must  be 
kept  in  continuous  vibration.  This 
was  achieved  in  the  first  instance  by 
feeding  back  some  of  the  output 
from  the  final  a-f  amplifier  into  the 
string  itself  and  arranging  a mag- 
netic field  transversely  to  the  string. 

For  selecting  and  converting  the 
various  tones,  a second  set  of  pick- 
ups was  provided.  Brass  or  phos- 
phor bronze  wires  were  found  to  be 
quite  satisfactory  and  small  bar 
magnets  about  two  inches  long  were 
placed  on  each  side  of  the  wire  to 
provide  the  magnetic  fields. 

Quite  pure  tones  were  obtained 
provided  the  maintaining  electrode 
was  at  the  center  and  the  magnet 
i distant  from  the  end  of  the  wire. 
The  chief  difficulty  was  in  maintain- 
ing absolutely  constant  amplitude 
of  vibration,  due  to  minute  pickup 
and  amplifier  changes. 
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Later,  a method  of  mamtaining 
the  strings  with  low  pressure  air 
jets  was  thought  promising  but  it 
failed  above  about  800  cps. 

Used  Reeds 

Attention  was  then  given  to  vi- 
brating reeds  as  variable  capaci- 
tance elements,  with  reeds  taken 
first  from  a harmonica  and  later 
from  an  American  organ.  Forty 


reeds,  covering  32-2000  cps  in  five 
octaves,  were  assembled  and  at  first, 
direct  acoustic  output  was  difficult 
to  silence,  particularly  at  the  higher 
frequencies.  Cotton  wool  provided 
a reasonable  ^solution  to  this  prob- 
lem. Key  click  filters  were  also 
necessary  and  by  suitably  choosing 
the  values,  could  be  made  to  provide 
“attack”  controls  as  well. 

Continuously  operated  reeds  were 


satisfactory  but  there  was  a slight 
background  roar,  i.e.  stray  pickup 
from  all  reeds  simultaneously.  The 
war  stopped  experiments  but  there 
have  been  some  later  ones  using  an 
undulating  change  of  capacitance 
to  produce  a frequency  change  in 
an  oscillator  instead  of  a current 
change  in  a resistance.  In  the  opin- 
ion of  Lewer,  this  system  merits 
further  careful  consideration. 


Argument  for  Electronic  Music 


Musical  theory,  where  it  touches 
on  the  intervals  employed  in  har- 
mony, is  in  a state  of  great  confu- 
sion. The  scale  universally  used  for 
keyboard  instruments,  the  Tem- 
pered (diatonic)  Scale,  inade- 
quately translates  musical  concep- 
tions, and  its  weaknesses  should  be 
recognized.  The  Just  (diatonic) 
Scale  is  in  full  accord  with  the 
spirit  of  music  and  the  letter  of 
physical  laws,  and  in  the  light  of 
modern  instrumentalities,  could 
now  be  adopted.  Electrical  musical 
keyboard  instruments  can  be  de- 
signed in  a practical  form  to  play 
the  Just  Scale  in  all  keys.  These  are 
some  of  the  conclusions  to  be  drawn 
from  the  facts  to  be  outlined,  but 
it  is  first  necessary  to  understand 
scale  structure  from  the  musical 
standpoint. 

“Just”-scale  musical  instruments 
have  been  under  consideration  by 
investigators  for  many  years  and 
in  recent  years  a number  of  articles 
have  appeared  in  musical  journals 
on  this  subject.  Such  instruments, 
due  to  anomalies  in  scale  structure, 
have  been  considered  by  most  au- 
thorities as  being  impossible  from  a 
practical  standpoint.  They  have 
thus  become  to  be  regarded  by  mu- 
sicians as  an  ideal  to  be  sought 
after  but  impossible  of  practical  at- 
tainment. This  article  has  for  its 
object  the  description  of  practical 
instruments  whose  scale  frequencies 
bear  exact  harmonic  relationships 
to  one  another,  to  the  end  that 


By  SIDNEY  T.  FISHER 

maximum  harmoniousness  may  be 
achieved. 

Scale  Structure 

Tones  separated  by  discrete  pitch 
intervals  are  a universal  tradition 
in  modem  Western  music.  An  oc- 
tave of  seven  notes  is  usually  em- 
ployed and  this  is  the  diatonic 
scale.*  In  addition,  in  accordance 
with  an  almost  universal  tradition, 
five  additional  intervals  are  in- 
serted, which  break  up  the  five 
larger  intervals  of  the  seven-note 
scale.  Most  music — particularly  mu- 
ic  by  the  classic  masters — is  writ- 
en  in  the  seven-note  scale.  This 
scale  has  its  most  familiar  embodi- 
ment in  the  piano  and  it  is  not  an 
exaggeration  to  say  that  the  key- 
board mechanism  of  the  piano  has 
been  made  the  basis  of  the  modern 
system  of  music.  The  scale  can  be 
conveniently  thought  of  as  it  ap- 
pears on  the  piano  keyboard.  If  we 
take  the  note  C as  the  starting  note 
for  an  octave,  then  the  seven  notes 
of  the  diatonic  scale  are  played  by 
the  white  digitals  and  the  five  ad- 
ditional tones  which  divide  the 
larger  intervals  of  diatonic  scale 
are  played  by  the  black  digitals. 

The  scale  obtained  by  playing  the 
white  notes  of  the  piano  in  se- 
quence, commencing  with  C,  is 
called  the  key  of  C major,  or  the 
natural  key.  Other  keys  then  are  ob- 
tained by  playing  a series  of  notes, 
commencing  with  the  key  note, 
which  have  the  same  sequence  of 


intervals : tone,  tone,  semi-tone, 
tone,  tone,  tone,  semi-tone. 

It  is  advisable  to  guard  at  the 
outset  against  a common  miscon- 
ception ; this  is  the  idea  that  scales 
were  made  first,  and  music  after- 
wards. Scales  are  made  in  the  proc- 
ess of  creating  music.  If  music  con- 
sisted only  of  single-note  melodies, 
the  requirements  to  be  met  by  a 
scale  would  allow  the  widest  lati- 
tude in  choosing  the  intervals.  Mod- 
ern Western  music,  however,  em- 
ploys harmony  as  its  most  impor- 
tant feature,  and  it  is  necessary 
therefore  that  certain  groups  of 
notes  of  our  scale,  sounded  simul- 
taneously, should  form  harmonious 
chords. 

Chords  and  Harmony 

The  physical  criterion  for  har- 
moniousness in  a chord  is  that  the 
ratio  of  the  frequencies  of  its  com- 
ponent tones  may  be  expressed  as 
the  ratio  of  small  integers.  The 
smaller  the  integers  the  more 
marked  is  the  consonance.  The  ap- 
plication of  this  law  to  the  diatonic 
scale  fixes  the  intervals  between  the 
notes  as  seen  in  Fig.  1. 


Note--  C 

D E F 

G A B C 

Ratio'  1 

Ve  V4  V» 

Vt  Vs  •Va  2 

1 Name*  Unison  Second  Third  Fourth 

Fifth  Sijcth  Seventh  Octave 

Interval 

9' 8 I0-9  I6'I5  9 

8 109  9=8  1615 

Rg.  1- 

-The  7-note  Just  Scale  in  the  key 

of  C (the  natural  key).  This  is  funda- 
mental in  Western  culture,  and  is  the 
idealised  form  of  the  scales  in  actual 

use 
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In  the  first  line  are  the  letter 
names  of  the  notes  of  the  scale,  in 
the  key  of  C,  in  the  second  line  are 
the  ratios  of  their  frequencies  to 
the  leading  note,  and  in  the  third 
are  the  musical  names  of  the  inter- 
vals obtained  by  sounding  together 
each  of  the  notes  of  the  scale  with 
the  leading  note.  These  intervals 
form  a version  of  the  diatonic  scale 
called  the  Just  Scale.  The  fourth 
line  shows  the  frequency  ratios  be- 
tween adjacent  notes.  It  will  be 
noted  that  three  sizes  of  intervals 
exist,  those  represented  by  pitch 
ratios  of  9:8,  10:9  and  16:15.  The 
two  large  intervals,  9:8  and  10:9 
are  called  a tone,  and  the  smallest 
interval,  16:15,  a semi-tone. 

Three  triads  or  groups  of  three 
notes  are  considered  the  foundation 
of  the  system  of  harmony.  These 
chords  are  the  triads  having  fre- 
quency ratios  4:5:6  formed  with 
their  lowest  note  a fifth  below  the 
key  note,  on  the  key  note,  and  a 
fifth  above  the  key  note.  In  the 
octave  shown  above,  these  triads 
are  CEG,  FAC,  and  GBD,  giving 
the  arrangement  of  Fig.  2.  These 
three  triads  define  every  note  in  the 
diatonic  scale  and  fix  the  ratios  at 
the  values  listed  above. 

The  Tempered  Scale 

It  is  apparent  that  none  of  the 
possible  ways  of  setting  up  a scale 
— ^progressions  by  fifths  (frequency 
ratio  3:2),  by  fourths  (frequency 
ratio  4:3),  or  by  thirds  (fre- 
quency ratio  5:4) — ^will  give  the  oc- 
tave note,  since  all  these  ratios  are 
prime  to  one  another.  The  ex- 


Note  COEFGABCD 

Ratio.  I »/»  y*  % % *y»  2 % 

4 ^5 6 

4 ^5 6 

4 5 6 


Fig.  2 — The  three  ma}ox  triads  (tried 
chord  = of  three  notes).  These  are  the 
chief  foundation  of  harmony  os  em- 
ployed in  Western  music 

tremely  complicated  treatment  of 
diatonic  scale  structures  that  ex- 
ists in  musical  literature  is  brought 
about  solely  by  the  fact  that  the 
tone  sources  of  traditional  instru- 


ments cannot  be  adjusted  in  fre- 
quency to  form  a new  scale  for  each 
key  change.  Figure  3 shows  the 
difiiculty  graphically. 

The  Tempered  Scale*  (Scale  of 
Equal  Temperament)  is  universally 
used  today  for  keyboard  instru- 
ments and  therefore  nominally  by 
all  musicians.  It  is  based  on  the 
simple  arrangement  that  an  octave 
is  divided  into  twelve  equal  inter- 
vals of  a semi-tone,  each  of  which, 
therefore,  has  a frequency  ratio  of 
the  12th  root  of  two.  This  scale  has 
the  great  virtue  that  it  permits 
modulation  without  limitation.  In 
music,  modulation  means  a change 
in  key,  i.e.,  an  overall  shift  in  fre- 
quency. 

This  is  shown  graphically  in  Fig. 
4.  It  has  the  disadvantage  that 
many  of  the  harmonic  intervals 
are  quite  inaccurate.  Fortunately, 
the  interval  of  a fifth  (nominal  fre- 
quency ratio  8:2)  is  very  close  and 
this  is  the  most  important  interval 
in  harmony.  However,  the  inter- 
vals of  a third  and  a sixth,  which 
are  also  of  frequent  occurrence,  are 
very  poor,  being  about  a third  of  a 
semi-tone  too  large.  The  Tempered 
Scale,  therefore,  presents  the  dis- 
advantages that  many  subtle  effects 
in  music  which  depend  on  varia- 
tions in  consonance  of  different  in- 
tervals, are  largely  obscured  by  the 
fact  that  intervals  which  should 
sound  quite  consonant,  such  as 
thirds,  are  somewhat  dissonant. 


C Major  C DEFBABC 

D Major  D EF*6ABC*D 

Bb  Mojor  Bb  C D Eb  F G ^ 


Fig.  3 — The  effect  of  changing  key  in 
the  Juet  Scale  U to  shift  Sie  frequencies 
of  some  of  the  notes;  this  is  necessary 
because  of  the  unequal  intervals.  Loga- 
rithms of  the  ratios  are  plotted 

By  virtue  of  its  make-up,  the 
Tempered  Scale  has  the  same  har- 
monic intervals  in  any  key.  In  the 
Just  Scale,  when  an  instrument  is 
tuned  in  one  key,  the  harmonic 
structure  is  changed  perceptibly 
for  the  other  keys,  if  the  instru- 
ment is  not  retuned.  In  the  Tem- 
pered Scale  a change  of  key  means 


only  a change  of  pitch.  The  graph- 
ical comparison  of  the  Tempered 
and  Just  Scale  intervals  is  shown 
in  Fig.  5. 

Helmholt»*8  Views 

The  shortcomings  of  the  Tem- 
pered Scale  have  been  familiar  to 
musicians  and  physicists  alike  since 
it  was  first  adopted.  Helmholtz  in 
1860  pointed  out  its  serious  defects 
and  suggested  that  in  a generation 
or  two  the  Tempered  Scale  might 
have  a very  marked  effect  on  our 
acuteness  of  appreciation  for  har- 
mony. It  appears  that  his  predic- 
tions have  been  fulfilled  to  a large 
extent  and  that  the  return  of  a 
strict  perception  of  harmony  is 
only  possible  by  replacing  the  Tem- 
pered Scale  with  the  Just  Scale. 

Helmholtz’s  comments  on  the  dif- 
ferences between  the  Tempered  and 
the  Just  Scales  are  worth  quoting 
because  they  outline  clearly  the 
reasons  leading  up  to  the  work  de- 
scribed in  this  paper.  They  show 
that  the  deficiencies  of  the  Tem- 
pered Scale  have  been  fully  recog- 
nized, as  has  been  the  excellence  of 
the  (7-note)  Just  Scale.  And  yet 
until  the  present,  no  practical  solu- 
tion has  been  obtained  for  the  ap- 
plication of  the  Just  Scale  to  key- 
board instruments. 

The  following  excerpts  are  from 
the  4th  English  edition  of  Helm- 
holtz’s “Sensations  of  Tone”: 

“As  regards  musical  effect,  the 
difference  between  the  just  and 
the  equally  tempered  intonations,  is 
very  remarkable.  The  justly  in- 
toned chords,  in  favourable  posi- 
tions . . . possess  a full,  and,  as  it 
were,  saturated  harmoniousness ; 
they  flow  on,  with  a full  stress,  calm 
and  smooth,  without  tremor  or  beat. 
Equally  tempered  chords  sound  be- 
side them  rough,  dull,  trembling, 
restless.  The  difference  is  so 
marked  that  everyone,  whether  he 
is  musically  cultivated  or  not,  ob- 
serves it  at  once.  . . . 

“It  must  not  be  imagined  that 
the  difference  between  tempered 
and  just  intonation  is  a mere  math- 
ematical subtlety  without  any  prac- 
tical value.  That  this  difference  is 
really  very  striking  even  to  un- 
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musical  ears  is  shown  immediately 
by  actual  experiments  with  prop- 
erly tuned  instruments.  . . 


CDEFGABC 

C Major  l_^ i ■ i ■ ■ I ■ i ■ i i 

c*  D*  E*F*  G«  A»  B*c* 

C*  Major  i ■ i ■ i i ■ i ■ i ■ i ' 

D E F*G  A B C*D 

D Major  I i 1 I L_i L-. L-i  I I 


Fig.  4 — The  effect  of  changing  key  in 
the  Tempered  Scale  is  simply  to  shift 
the  pitch  of  the  music.  No  readjustment 
of  the  scale  intervals  is  involved.  Loga* 
rithms  of  the  ratios  are  plotted 

It  must  be  realized  that  the  Tem- 
pered Scale  has  been  adopted  solely 
because  it  will  permit  changing  into 
different  keys  without  any  change 
in  the  structure  of  the  music.  Since 
the  intervals  in  the  Just  Scale  are 
unequal,  if  a modulation  from  one 
key  to  another  is  to  be  made,  then 
of  necessity  the  scale  must  be  read- 
justed so  that  it  can  maintain  the 
exact  sequence  of  intervals  in  the 
key.  With  conventional  keyboard 
instruments,  this  is  not  possible 
and  the  Tempered  Scale  is  the  only 
j)ractical  solution. 

At  various  times,  proposals  for 
new  keyboards  have  been  made.  A 
complication  of  the  keyboard  is  not 
a practical  approach  to  the  prob- 
lem because  of  the  considerable  dif- 
ficulty it  adds  to  the  work  of  the 
performer.  It  is,  however,  the  only 
possible  approach  to  a solution  in 
the  case  of  traditional  instruments. 
Electronic  Instrument  Possibilities 

With  the  introduction  of  elec- 
trical methods  of  producing  musi- 
cal tones  we  have,  for  the  first  time, 
the  facility  offered  to  us  of  key 
changes  which  will  be  strictly  har- 
monious on  an  instrument  tuned  in 
the  Just  Scale.  This  is  true  only 
because  the  frequencies  of  the  tone 
generators  of  electrical  instru- 
ments can  be  instantaneously  and 
accurately  readjusted. 

That  complications  will  be  intro- 
duced into  an  electrical  musical  in- 
strument by  the  use  of  the  Just 
Scale  is  demonstrated  by  Fig.  8.  It 
is  seen  that  a digital  on  the  key- 
board must  have  access  to  a con- 
siderable number  of  slightly  differ- 
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Fig.  5 — Comparison  of  Tempered  and 

Just  Scale  intervals.  Logarithms  of  the 
ratios  ore  plotted 

ing  frequencies  if  exact  harmonic 
ratios  are  to  be  preserved  in  all 
keys.  In  conventional  instruments, 
this  is  an  insurmountable  obstacle. 
It  has  been  judged  so  by  Helmholtz, 
and  all  other  writers  in*  the  field. 

Electrical  musical  instruments 
are  not  new  in  themselves,  but  the 
idea  of  tuning  them  in  the  Just 
Scale  and  providing  means  by  which 
this  scale  can  be  adjusted  correctly 
for  each  key  signature  appears  to 
be  original.  It  is  entirely  credible 
that  such  an  invention  will  make  a 
profound  impression  on  musicians. 
Development  of  practical  forms  of 
instruments  appears  to  be  of  im- 
portance. One  of  the  most  obvious 
ways  to  approach  the  problem  is 
to  take  a highly-developed  existing 
instrument  such  as  the  Hammond 
(Electric)  Organ  and  redesign  it 
in  such  a way  as  to  make  this  pro- 
posal workable. 

The  Hammond  Organ*  consists 
of  a number  of  rotary  generators 
driven  from  a single  synchronous 
motor.  There  is  one  generator  for 
each  note  of  the  keyboard  plus  some 
extra  generators  for  harmonics  that 
lie  beyond  the  keyboard  range.  All 
these  generators  produce  tones 
which  lie  almost  exactly  on  the 
Tempered  Scale. 

It  should  be  noted  that  the  Ham- 
mond instrument  in  its  harmonic 
make-up  differs  from  conventional 
pipe  organs  because  all  the  fre- 
quencies used  in  the  synthesis  of 
any  musical  quality  lie  in  the  Tem- 
pered Scale;  in  other  words,  natural 
harmonics  are  entirely  suppressed 
and  tempered  harmonics  are  sub- 
stituted. This  avoids  the  serious 
clash  that  occurs  in  conventional 
pipe  organs  between  natural  har- 
monics and  tempered  fundamentals 
which  lie  very  dose  together.  In  no 


other  instrument,  to  the  author's 
knowledge,  are  tempered  harmonics 
used,  and  while  the  results  may  not 
be  immediately  perceptible  to  the 
lay  ea^;,  the  characteristic  harmon- 
iousness of  the  Hammond  Organ, 
which  becomes  apparent  after  some 
familiarity  with  it,  must  be  as- 
cribed to  this  basic  improvement. 

Hammond  Organ  Modifications 

The  application  of  the  Just  Scale 
to  the  Hammond  Organ*  or  to  other 
instruments  of  this  general  charac- 
ter, is  carried  out  as  follows:  The 
tone  wheels  and  gears  are  changed 
so  that  the  frequencies  of  the  gen- 
erators lie  on  the  Just  Scale.  The 
motor  is  coupled  to  the  main  drive 
shaft  through  a 15-position  gear 
set,  including  15  magnetic  clutches. 
Thus  the  drive  can  be  at  any  one 
of  15  speeds,  depending  on  which 
clutch  is  operated,  and  the  speed 
may  be  instantaneously  changed  by 
operating  any  other  clutch.*  The 
clutches  are  operated  from  a row  of 
15  pushbuttons  arranged  along  the 
base  of  the  instrument  and  intended 
to  be  actuated  by  the  left  foot. 
These  pushbuttons  are  marked  with 
key  signatures  from  C#  to  Cb  and 
(including  the  natural  key)  permit 
playing  in  15  major  and  15  minor 
keys.  This  appears  to  be  adequate 
for  practically  all  music  now  ex- 
istent. 

Operation 

When  the  pushbutton  for  the  key 
of  C is  operated — that  is,  the  na- 
tural major  key— the  motor  speed 
is  such  that  middle  A is  440  cycles 
per  second  and  all  other  tones  on 
the  keyboard  are  exactly  in  the 
Just  Scale.  The  instrument  then 
can  be  played  in  the  key  of  C in 
the  Just  Scale.  There  is  no  ques- 
tion of  the  use  of  tempered  or  na- 
tural harmonics.  A number  of  ad- 
ditional generators  must  be  added 
in  each  octave  to  take  care  of  some 
harmonics  of  notes  other  than  the 
key  notes. 

If  it  is  wished  to  changed  the  in- 
strument so  that  it  can  be  played  in 
the  key  of  E,  then  the  pushbutton 
marked  “E”  is  depressed.  This  will 
release  the  “C”  clutch  and  operate 
the  “E”  clutch  and  the  speed  of  the 
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main  drive  shaft  will  be  changed 
to  5/4  of  its  former  speed.  The  in- 
strument will  therefore  be  raised  in 
pitch  in  the  ratio  of  5/4  and  upon 
playing  on  the  white  notes  as  be- 
fore, i.e.,  in  the  key  of  C major,  the 
instrument  will  sound  in  the  key  of 
E.  Since  all  the  harmonics  and 
added  generators  are  changed  in 
the  same  ratio,  the  organ  is  still  in 
the  Just  Scale  and  this  scale  is  cor- 
rectly tuned  for  the  key  in  which  it 
is  being  played. 

It  will  be  noted  that  except  for 
accidentals,  in  major  keys  the  per- 
former need  only  learn  to  play  on 
the  white  notes.  The  instrument 
then  always  plays  as  though  the 
music  were  in  the  natural  key  and 
it  sounds  in  the  key  corresponding 
to  the  pushbutton  which  is  oper- 
ated. 

Each  pushbutton  would  be  la- 
belled with  the  key  signature.  For 
instance  one  of  the  pushbuttons — 
that  for  the  key  of  D,  say — would 
be  labelled  “D — 2#  major”.  To  each 
of  these  pushbuttons  would  be 
wired  a small  illuminated  indicator 
with  the  same  label  as  the  push- 
button. These  indicators  would  be 
mounted  in  a row  between  the  two 
manuals  so  that  the  organist  is  al- 
ways aware  of  the  key  to  which  his 
instrument  is  tuned. 

A Transposing  Instrument 

It  will  be  seen  that  this  organ  is 
a transposing  instrument  and  that 
existing  music  could  not  be  readily 
played  on  it  unless  it  were  written 
in  the  key  of  C.  All  organ  music 
would  have  to  be  transcribed  to  this 
key,  with,  the  key  signature  in 
which  it  is  to  sound  marked  sep- 
arately. Minor  keys  would  have  to 
be  transcribed  to  the  naturally  cor- 
responding minor.  The  key-signa- 
ture indication  could  very  well  take 
the  form  of  an  added  note  below 
the  bass  staff  and,  as  far  as  the  per- 
former is  concerned,  would  be  sim- 
ply one  more  note  to  be  played, 
which  he  could  play  with  his  left 
foot.  To  avoid  confusion  with  bass 
notes,  the  keynote  names  could  be 
used. 

Such  an  instrument  as  this  would 
be  learned  much  more  readily  than 


present  day  conventional  keyboard 
instruments.  The  student  would  no 
longer  be  obliged  to  master  the 
complicated  and  cumbersome 
scheme  of  key  signatures  which 
music  has  evolved.  The  playing 
position  of  his  hands  on  the  key- 
board would  never  be  changed  and 
the  black  notes  would  only  be  neces- 
sary for  accidentals  or  for  minor 
keys.  The  student,  therefore,  would 
devote  the  major  part  of  his  energy 
to  the  artistic  development  of  his 
music  rather  than  to  the  mastering 
of  the  mere  mechanics  of  notation. 

That  such  an  instrument  could 
not  be  put  into  use  immediately  is 
fully  appreciated;  that  an  instru- 
ment of  this  general  character 
should  eventually  become  widely 
used  is,  however,  maintained.  A 
sufficient  interval  of  time  must 
elapse  to  permit  the  transcription 
of  a large  amount  of  existing  music 
into  the  natural  key  before  such  a 
scheme  could  be  of  much  use.  The 
ultimate  advantages  are  beyond 
argument.  Such  a transposing  in- 
strument is  readily  evolved  from  a 
Hammond  Organ  or  similar  device 
because  of  the  simple  nature  of  the 
mechanism  for  speed  changing.  It 
will  be  apparent  that  the  transpos- 
ing feature  can  be  readily  applied 
also  to  the  instrument  to  be  de- 
scribed next. 

Altering  the  Novachord 

Another  instrument  which  is 
adaptable  practically  is  the  Ham- 
mond Novachord^;  this  is  typical  of 
all  instruments  which  obtain  their 
tones  from  vacuum-tube  oscillators. 
In  the  Novachord,  twelve  oscillators 
forming  the  top  twelve  notes  of  the 
keyboard  are  employed,  and  all 
other  tones  are  obtained  through  a 
frequency-dividing  and  harmonic- 
generating system.  The  addition 
of  an  elaborate  control  system  al- 
lows waves  of  any  general  charac- 
ter to  be  produced.  The  instrument, 
not  being  restricted  to  steady-state 
tones  ad  is  the  Hammond  Organ, 
will,  with  reasonable  accuracy,  imi- 
tate most  of  the  conventional  in- 
struments. Using  this  sort  of  an 
instrument  as  a basis,  the  author 
would  suggest  a new  instrument 


tuned  in  the  Just  Scale  as  follows: 

A row  of  pushbuttons  will  be  pro- 
vided along  the  base  of  the  instru- 
ment intended  to  be  operated  by 
the  left  foot.  These  buttons,  of 
which  there  will  probably  be  15, 
will  be  labelled  with  15  key  signa- 
tures from  C#  to  Cb  which,  in  the 
major  keys,  is  from  seven  sharps 
to  seven  flats  and  in  the  minor  keys 
from  four  sharps  to  ten  flats.  Each 
of  these  pushbuttons  will  operate  a 
12-contact  relay  and  the  circuit  is 
so  arranged  that  only  one  relay  can 
be  operated  at  a time.  Above  the 
manual  appear  15  illuminated  sig- 
nals which  indicate  which  relay  is 
operated.  To  each  of  the  12  con- 
tacts of  each  relay  is  wired  a small 
capacitor  and  these  are  the  tuning 
capacitors  of  the  12  oscillators. 

When  any  relay  is  actuated, 
therefore,  the  12  oscillators  are  ad- 
justed to  frequencies  correspond- 
ing to  the  12  capacitors  that  are  cut 
into  the  circuit.  Since  all  other 
tones  on  the  instrument  are  derived 
from  the  12  tones  of  the  top  octave, 
it  follows  that  all  the  frequencies 
on  the  keyboard  are  governed  by 
each  pushbutton. 

This  instrument  can.be  made  a 
transposing  instrument  such  as  the 
organ  already  described,  if  the  tun- 
ing capacitor  is  chosen  of  such  a 
value  as  to  step  the  whole  octave 
upwards  or  downwards  by  a uni- 
form amount  as  different  relays  are 
operated.  It  can  also  be  arranged 
to  be  played  exactly  as  conventional 
instruments  are  played  by  merely 
adjusting  the  frequencies  of  the 
notes  of  the  octave  so  that  for  any 
desired  key  the . frequencies  will 
occur  in  the  correct  sequence.  We 
should  find  ourselves  with  an  in- 
strument which  is  played  exactly 
as  a piano  or  an  organ  is  played  to- 
day, but  which  will  sound  in  the 
Just  Scale.  It  will  be  possible  on 
this  instrument  to  have  an  addi- 
tional pushbutton  which  would  tune 
the  instrument  in  the  Tempered 
Scale  if  for  any  reason  this  were  de- 
sired, as  for  example,  in  order  to 
play  chromatic  music. 

Amplifier  Considerations 
One  of  the  design  difficulties  in 
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electrical  and  electronic  musical  in- 
struments, is  that  the  nominal 
power  rating  of  the  amplifier-loud- 
speaker system,  which  is  based  on 
negligible  distortion  for  a sine 
wave,  cannot  be  approached  when 
complex  waves  formed  from  many 
harmonic  components  in  random 
phase  relation  are  transmitted.  This 
reduction  in  power  output  is  due  to 
the  possibility  at  any  instant  of 
the  amplitudes  of  all  the  compon- 
ents adding  arithmetically,  so  that 
the  voltage  or  current  peak  is  the 


arithmetical  sum  of  all  the  com-, 
ponents,  while  the  loudness  of  the 
power  output  is  only  the  root-mean- 
square  sum. 

In  an  instrument  tuned  to  the 
Just  Scale,  such  as  either  of  the  two 
described,  it  is  possible  to  fix  the 
phase  of  all  the  components  of  a 
tone  so  that  the  peak  amplitudes  of 
all  the  waves  could  never  add  up  at 
any  instant.  Even  in  an  instrument 
tuned  in  the  Tempered  Scale  this 
is  worth  doing,  since  the  octave 
components,  that  is  the  sub-har- 


monic, and  the  second,  fourth  and 
eighth  harmonics,  are  exactly  cor- 
rect and  a precise  phase  relation 
can  be  maintained. 
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Tone  Source  for  Tuning  Musical  Instruments 


The  simple  and  accurate  tone- 
producing  device  shown  in  the  ac- 
companying photograph  was  de- 
signed to  fill  a need  in  the  rapid 
tuning  of  the  musical  instruments 
in  bands  and  orchestras. 

The  tuner  produces  a continuous 
tone  with  adjustable  tone  intensity, 
frequency  and  timbre.  A frequency 
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vernier  is  provided  on  the  back  of 
the  instrument  so  the  director  may 
select  his  frequency  standard  any- 
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where  between  435  and  445  cps. 
Two  tones  are  selectable  by  the  fre- 
quency selector  on  the  front  panel 
giving  either  A or  B».  The  semitone 
relationship  is  retained  irrespective 
of  the  setting  of  the  frequency 
vernier.  In  other  words,  when  the 
desired  frequency  is  selected  for  A, 
the  switch  for  changing  the  output 
note  to  B»  automatically  sets  in  the 
proper  interval  or  half  note. 

A timbre  switch  enables  the  di- 
rector to  select  either  a flute-like 
tone  or  a reed-like  voice  that  is 
rich  in  harmonics,  depending  upon 
which  tonal  character  is  better  for 
the  musicians  tuning  to  it.  This 
switch  makes  it  possible  to  take  the 
signal  from  the  tank  circuit  by  way 
of  the  secondary  winding  in  a rela- 
tively pure  form,  or  from  the  plate 
current  circuit  in  a pulse  form  that 
contains  high  harmonic  content. 
The  tank  circuit  is  tuned  to  the 


fundamental  frequency  of  the  os- 
cillator so  the  voltage  produced 
across  it  is  approximately  sinusoi- 
dal. 

The  volume  control  provides  ad- 
justment of  the  sound  level  to  suit 
the  room  and  ambient  sound  con- 
ditions. Sufficient  volume  is  avail- 
able for  use  with  a large  group  of 
musicians. 

In  designing  the  instrument 
special  care  has  been  taken  to  pro- 
vide the  extreme  stability  required 
of  tuning  devices  with  changes  in 
temperature,  line  voltage  and  tube 
life.  The  instrument  drifts  about 
0.06  percent  after  5 minutes  warm- 
up, and  after  15  minutes  returns  to 
its  original  frequency.  A 5-percent 
fluctuation  of  line  voltage  will  cause 
about  0.09-percent  change  in  fre- 
quency. A 0.06-percent  change  in 
frequency  is  about  1/100  of  a half 
tone. 
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Phase-Shift  Band-Pass  Filters 


Double  bridged-T  network  using  readily  available  components  provides  good  band-pass 
characteristic  at  minimum  expense.  Usable  bandwidth  depends  on  allowable  dip  between 
null  points  of  the  individual  bridged-T  networks 
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WNYONE  who  has  conducted 
XAlAl>oratory  investigations  with- 
in a given  frequency  range  has  at 
some  time  or  another  felt  the  need 
for  an  easily  constructed  band-pass 
filter.  The  presence  of  undesired 
signals  such  as  a-c  hum  and  random 
noise  near  the  frequency  region  of 
intelligence-bearing  signals  has  led 
to  an  extensive  investigation  of  net- 


FIG.  1 — ^Phase  shiit  introduced  by  a 
bridged-T  network  changes  in  sign  as 
Irequency  passes  through  null  frequency 


works  which  will  eliminate  these 
undesirable  frequency  components. 
The  object  of  this  paper  is  to  de- 
scribe the  operation  of  a band-pass 
filter  which  employs  components 
normally  found  in  all  laboratories, 
and  which  does  not  involve  any 
complicated  calculations  in  its  de- 
sign and  construction.  This  type 
of  filter  may  in  many  cases  be  used 
in  place  of  the  more  conventional 
type  filters  with  their  complicated 
and  specialized  components. 

The  basic  circuit  of  the  phase- 
shift  filter  is  a combination  of  con- 
ventional bridged-T  networks.  The 
circuit  diagram  for  a bridged-T 
network  is  shown  in  Fig.  lA.  Fig- 
ure IB  shows  the  attenuation  char- 
acteristics of  bridged-T  networks 
and  clearly  illustrates  the  effect  of 
Q on  the  frequency  response  of  the 
network.  An  analysis  of  the  net- 
work will  yield  the  expression  for 
the  null  frequency  and  the  condi- 
tion for  an  absolute  null  in  terms 
of  the  network  parameters. 


The  latter  equation  expresses  the 
conditions  for  null. 

Figure  1C  is  a generalized  phase- 
shift  characteristic  for  the  bridge-T 
network.  It  will  be  noticed  that 
the  sign  of  the  phase  shift  changes 
as  the  frequency  passes  through  the 
null  frequency  of  the  network.  It 
is  this  characteristic  that  makes  it 


possible  to  combine  the  output  of 
two  bridged-T  networks  to  form 
the  attenuation  characteristic  of  a 
bandpass  network.  If  the  outputs 
of  two  similar  bridged-T  networks, 
whose  null  frequencies  are  sepa- 
rated by  a given  increment,  are 
combined  in  such  a manner  that 
the  output  of  one  network  is  sub- 
tracted from  the  other,  the  phase 
relationship  between  the  two  out- 
puts is  such  that  they  will  add  in 
the  vicinity  of  the  null  frequencies 
and  subtract  outside  the  band  be- 
tween the  null  frequencies.  The 
overall  combination  has  the  char- 
acteristics of  a band-pass  filter. 

Basic  Circuit 

Figure  2A  is  a block  diagram  of 
the  basic  phase-shift  filter  circuit 
using  the  output  of  two  bridged-T 
networks  as  an  input  to  a subtrac- 
tion circuit.  Each  of  the  two  T 
sections  has  its  own  Q,  null  fre- 
quency and  transfer  function  p.  The 
derivation  of  the  transfer  function 
for  the  composite  circuit  is  a 
lengthy  and  complex  process  and  no 
time  will  be  devoted  to  its  deriva- 
tion. The  resulting  transfer  func- 
tion is  shown  in  Fig.  2B.  This 
expression  shows  that  the  transmis- 
sion characteristic  of  the  phase- 
shift  filter  is  a function  of  Q and 
the  null  frequencies  of  the  two  T 
sections. 

Differential  combination  of  the 
output  of  the  two  T sections  which 
make  up  the  active  branch  of  the 
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phase-shift  filter  may  be  accom- 
plished in  many  different  circuits. 
Several  of  these  circuits  will  be 
discussed  in  detail  in  a later  section 
of  this  paper.  Basically,  these  cir- 


cuits may  be  grouped  in  two  general 
classes:  (1)  direct  subtraction  cir- 
cuits, and  (2)  phase  inversion  and 
addition  circuits. 

Figure  3 is  a block  diagram  of  a 
phase-shift  filter  in  which  the  de- 
sired output  is  obtained  by  direct 
subtraction  of  the  outputs  of  the 
two  T sections.  Figure  4 shows  the 
block  diagram  of  the  method  in 
which  the  phase  of  the  input  to  one 
T section  is  inverted  and  the  out- 
puts of  the  two  T sections  are  put 
into  a summation  circuit.  The  dif- 
ference between  the  two  transmis- 
sion characteristics  of  the  T section 
is  then  obtained  by  direct  addition 
of  the  two  signals,  one  of  which  has 
had  its  phase  inverted. 

Experimental  tests  were  con- 
ducted on  a phase-shift  filter  utiliz- 
ing two  air-core  speaker  field  coils 
as  the  inductances  in  the  two  T sec- 
tions. Figure  5 is  the  circuit  dia- 
gram of  the  tested  circuit,  showing 


the  combining  circuit  used.  The 
gain  characteristic  of  the  cathode- 
coupled  circuit  used  as  a subtrac- 
tion circuit  in  these  tests  was  such 
that  the  input  to  one  tube  had  to  be 


attenuated  by  potentiometer  R so 
that  the  output  represented  the 
true  difference  between  the  input 
signals.  This  characteristic  of  the 


cathode-coupled  subtraction  circuit 
will  be  discussed  in  greater  detail 
in  a later  section  of  this  paper. 

Figure  6 is  a family  of  attenua- 
tion curves  obtained  by  increasing 
the  frequency  increment  between 
the  null  frequencies  of  the  two 
bridged-T  sections.  This  was  ac- 
complished by  decreasing  the  ca- 
pacitance in  one  section  and  re- 
setting the  value  of  the  resistance 
to  give  an  absolute  null.  The  null 
frequency  of  one  T section  was  held 
constant  at  1,800  cps.  It  will  be 
noticed  that  as  the  bandwidth  is  in- 
creased, by  increasing  the  separa- 
tion between  the  null  frequencies, 
the  output  decreases  in  the  pass- 
band.  This  characteristic  of  the 
phase-shift  filter  is  similar  to  that 
of  the  conventional  tuned  coupled 
circuit.  Further  investigation  re- 
vealed that  as  the  bandwidth  is  in- 
creased for  a given  center  fre- 
quency this  dip  in  the  passband  will 
increase  to  a point  where  the  cir- 
cuit is  no  longer  usable  as  a filter 
with  a single  passband. 

Passband  Dip 

Before  any  attempt  is  made  to 
design  a phase-shift  filter,  the  de- 
gree of  dip  in  the  passband  which 
can  be  tolerated  must  be  estab- 
lished. This  amount  of  dip  is  de- 
pendent upon  the  particular  ap- 
plication of  the  filter.  Primarily, 
though,  it  must  be  remembered  that 


FIG.  3 — Direct  subtraction  method  ior  combining  outputs  of  bridged-T  networks 


FIG.  4 — ^Phase-inTersion — adcUtion  type  of  phase-shift  filter 


FIG.  2 — If  the  output  of  a bridged-T  network  is  subtracted  from  that  of  a similar 
network  whose  null  frequency  is  close  to  that  of  the  first,  the  phase  relationship 
between  the  two  outputs  is  such  that  they  will  odd  neor  the  null  frequencies  and 
subtract  outside  the  band  between  the  null  frequencies 
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limitation  of  the  amount  of  allow- 
able dip  also  places  a limitation  on 
the  maximum  bandwidth  that  may- 
be used.  Some  median  must  be  es- 
tablished between  the  width  of  the 
passband  and  the  output  dip  in 
this  passband.  Again,  this  choice 
will  depend  on  specific  applications. 

Figure  7 is  a family  of  experi- 
mentally obtained  universal  curves 
which  may  be  used  to  determine  the 
allowable  bandwidth  for  a given 
output  dip  within  the  passband.  As 
a matter  of  choice  the  curves  were 
obtained  for  arbitrarily  chosen  out- 
put dips  of  3 db,  1.5  db  and  0 db. 
Knowing  the  midfrequency  and  the 
Q of  the  coils  at  this  frequency, 
these  curves  may  be  used  to  estab- 
lish the  maximum  bandwidth  that 
may  be  used.  The  design  process 


FIG.  5 — Phase-shiit  filter  and  cathode- 
coupled  subtraction  circuit 

to  be  followed  is  as  follows:  The 
values  of  the  abscissa  at  the  pass- 
band  limit  points  on  a particular 
curve,  when  divided  by  the  mid- 
frequency Q,  will  yield  the  ratio  of 


the  bandwidth  to  midfrequency. 
Knowing  the  midfrequency,  the  al- 
lowable bandwidth  may  then  be  es- 
tablished. The  reverse  of  this 
process  may  be  used  to  determine 
the  value  of  Q necessary  to  obtain 
a given  passband  with  a given  out- 
put dip. 

In  using  these  curves  it  must  be 
kept  in  mind  that  they  were  ob- 
tained by  laboratory  experimenta- 
tion and  do  not  represent  theoret- 
ical calculations.  The  accuracy  of 
the  experimental  processes  was  held 
within  the  limits  of  normal  labora- 
tory measurements ; however,  there 
are  present  some  inherent  sources 
of  error.  Particular  among  these  is 
the  error  imposed  by  the  subtrac- 
tion circuit.  As  previously  stated, 
the  subtraction  circuit  used  in  this 
experimentation  was  a cathode- 
coupled  differential  amplifier.  The 
initial  balance  was  obtained  by  at- 
tenuation of  one  input  signal. 

The  degree  of  error  in  the  output 
of  this  circuit  is  dependent  upon 
the  level  of  the  output  signal.  At 
the  extreme  ends  of  the  curves, 
where  the  frequency  is  quite  a dis- 
tance from  the  midfrequency,  the 
output  level  became  very  small  so 
that  the  error  in  initial  balance  of 
the  cathode-coupled  circuit  became 
more  prominent.  At  these  removed 
points  on  the  curves,  the  curve 
represents  more  the  unbalance  and 
distortion  in  the  amplifier  circuit 
than  the  actual  attenuation  charac- 
teristic of  the  phase-shift  filter. 
This  residual  error  would  be  mini- 
mized by  cascading  identical  stages. 


To  prevent  this  type  of  error  from 
becoming  of  such  magnitude  as  to 
diminish  the  utility  of  the  filter  cir- 
cuit, a subtraction  circuit  whose 
initial  balance  can  be  effected  to  a 
very  fine  point  must  be  used.  Sev- 
eral types  of  familiar  differential 
amplifier  circuits  and  phase-inver- 
sion circuits  may  be  used,  the 
choice  of  which  depends  upon  the 
relative  merits  of  each.  Some  of  the 
more  familiar  circuits  of  these 
types  are:  (1)  cathode-coupled  am- 
plifier, (2)  cross-coupled  amplifier, 
(3)  phase-inverter  circuit,  and  (4) 
push-pull  input  circuit. 

Differential  Amplifiers 

Figure  8A  is  a circuit  diagram 
of  a cathode-coupled  differential 
amplifier.  This  circuit  is  perhaps 
the  simplest  of  the  differential 
amplifier  circuits.  The  initial  bal- 
ance of  this  type  of  circuit  is  ob- 
tained by  potentiometer  R,  The 
presence  of  load  resistance  Rl  in 
the  plate  circuit  of  only  one  tube 
establishes  a different  operating 
point  for  the  two  tubes.  As  a con- 
sequence, the  gain  from  the  grid 
of  Vs  is  always  greater  than  that  of 
Vi.  To  offset  this  difference  of  gain, 
the  input  signal  to  the  grid  of  Vs 
must  be  attenuated  by  means  of 
potentiometer  R until  zero  output 
is  obtained  with  a common  input. 

Figure  8B  is  a circuit  diagram 
of  a cross-coupled  differential  ampli- 
fier. This  circuit  affords  the  highly 
desirable  features  of  low  sensitiv- 
ity to  hum  and  large  dynamic  range 
of  input  signals,  with  an  output 


FIG.  6 — ^Attenuation  choracterlstioi  for  phoso-thlft  filter 
u^g  air>eore  orils 


FIG.  7 — UniTersol  curree  for  phose^hift  filten  derired  from  expert* 
mental  dota 
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that  is  proportional  to  the  differ- 
ence between  the  two  input  signals. 
The  tubes  Vi  and  are  connected 
as  cathode  followers,  with  the  cross 
coupling  between  Vi  and  Va  provid- 
ing phase  inversion.  The  input 
voltage  of  Va  is  the  difference  be- 
tween the  output  voltages  of  Vi  and 
Vt.  The  input  voltage  of  Va  is  equal 
to  this  same  voltage  but  opposite  in 
phase.  The  output  voltages  of  V, 
and  Va  will  then  be  proportional  to 
the  difference  between  the  impressed 
voltages  on  Vi  and  Va  but  opposite 
in  phase.  The  overall  output  will 
then  represent  the  difference  be- 
tween the  two  input  signals  if  any 
degree  of  symmetry  in  tube  or  cir- 
cuit parameters  has  been  main- 
tained. 

To  offset  any  dissymmetry  in  the 
circuit,  potentiometer  R has  been 
inserted.  The  initial  balance  of  the 
circuit  may  be  effected  by  varying 
i2  to  a point  where  zero  output  is 
obtained  with  the  same  signal  ap- 
plied to  Vi  and  Va.  Since  the  circuit 
conditions  previously  described 
exist  whether  the  input  signal  is 
impressed  on  both  Vi  and  Va,  this 
circuit  may  be  used  as  a push-pull 
input  stage  or  a balanced  phase  in- 
verter. 

Figure  9 is  a circuit  diagram  of 
a phase-inverter  subtraction  cir- 
cuit. Its  operation  is  based  upon  the 
fact  that  the  plate  and  cathode  volt- 
ages of  a tube  are  180  degrees  out 
of  phase  with  each  other.  If  the 
plate  and  cathode  resistance  of  Fi 
and  Va  are  of  equal  magnitude  then 
identical  inputs  to  both  Vi  and  V, 
will  produce  voltages  across  the 
plate  of  Vi  and  the  cathode  of  V, 
which  are  equal  and  opposite.  When 
an  initial  balance  is  obtained  by 
means  of  Ro,  the  output  voltage 
Eo  will  be  proportional  to  the  dif- 
ference between  the  two  input 
voltages  Eii  and  Eaa. 

A system  utilizing  a balanced 
center-tapped  transformer  repre- 
sents the  simplest  means  of  obtain- 
ing two  equal  and  opposite  voltages. 

Choice  of  Circuits 

The  choice  of  which  circuit  to 
use  as  a combining  circuit  in  the 
phase-shift  filter  is  dependent  upon 


the  relative  merits  of  each.  Perhaps 
the  simplest  method  is  one  utilizing 
the  balanced  push-pull  output  from 
a transformer.  The  use  of  this 
circuit  depends  solely  upon  its  avail- 
ability since  the  design  and  con- 
struction of  such  a transformer 
contributes  much  complication. 


FIG.  8 — Cathode-coupled  (A)  and  cross- 
coupled  (B)  differential  amplifier  circuits 


cult 

The  ease  of  design  and  construc- 
tion of  the  phase-inverter  circuit 
seems  to  indicate  a high  degree  of 
utility ; however,  it  must  be  pointed 
out  that  any  difference  between  the 
resistances  used  in  the  plate  and 
cathode  circuit  will  result  in  an 
error  in  the  output  signal. 

The  cathode-coupled  amplifier  is 
the  median  between  circuit  com- 
plexity and  performance  as  a dif- 
ferential amplifier.  This  circuit,  in- 
volving two  tubes,  performs  very 
well  as  a part  of  the  phase-shift 
filter.  The  experimental  processes 
conducted  in  this  investigation  in- 


dicated that  the  initial  balance  of 
the  circuit  could  be  made  to  the 
degree  of  approximately  — 50  db. 

The  versatility  of  the  cross- 
coupled  amplifier  and  its  adaptabil- 
ity for  use  as  either  a phase  in- 
verter or  a differential  amplifier 
makes  its  use  very  desirable.  The 
condition  of  initial  balance  may  be 
effected  quite  easily.  Its  low  sus- 
ceptibility to  hum  and  large  dy- 
namic input  characteristic  are  also 
indicative  of  its  utility.  The  ob- 
jectionable feature  of  this  circuit  is 
the  physical  size  of  the  circuit 
wherein  four  tubes  are  required. 
Again  the  choice  between  perform- 
ance and  circuit  complexity  is  an 
arbitrary  one  and  rests  with  the 
particular  function  to  which  the 
filter  is  applied. 

Summary 

The  similarity  of  the  phase-shift 
filter’s  attenuation  characteristic  to 
that  of  the  tuned  coupled  circuit 
seems  to  indicate  its  most  im- 
portant possibility.  The  perform- 
ance of  specific  tuned  coupled  cir- 
cuits can  be  approached  to  a 
satisfactory  degree  by  use  of  a 
phase-shift  filter.  In  doing  so,  the 
complex  problems  of  coil  design  and 
coupling  factors  are  eliminated. 
The  simplicity  of  the  phase-shift 
filter  with  respect  to  the  tuned 
coupled  circuit,  in  view  of  their 
similar  attenuation  characteristics, 
is  an  argument  somewhat  in  favor 
of  its  use.  The  authors  feel  that  the 
advantages  of  this  circuit  are  more 
pronounced  in  the  audio-frequency 
range. 

The  phase-shift  filter,  with  its 
lack  of  complex  design  and  con- 
struction procedure,  lends  itself  to 
many  applications.  At  first  glance 
it  may  appear  that  an  even  better 
performance  could  be  obtained  by 
use  of  m and  k type  filters;  how- 
ever, the  ^e  of  such  filters  involves 
an  extensive  design  procedure  and 
many  components  of  specific  values. 
Calculations  have  shown  that  if  the 
same  number  of  components  were 
used  in  cascaded  sections  of  the 
phase-shift  filter  its  performance 
would  approach  that  of  m and  k 
type  filters. 
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Design  of  Absorption  Traps 

Universal  response  curves  show  the  ratio  of  the  response  of  a tuned  circuit  to  which  a 
trap  is  coupled  to  the  response  without  the  trap  for  typical  values  of  attenuation  and  trap- 
circuit  frequency  separation.  Nomograph  permits  rapid  determination  of  coupling  factor 

By  JACK  AYINS 


The  problem  of  obtaining  at- 
tenuation at  critical  frequen- 
cies arises  frequently  in  the  design 
of  amplifiers  employing  tuned  cir- 
cuits. One  widely  used  method  of 
obtaining  this  attenuation  is  by 
means  of  absorption  traps. 

The  type  of  absorption  trap  anal- 
yzed in  this  paper  consists  of  a cir- 
cuit tuned  to  the  rejection  fre- 
quency and  coupled  to  a tuned 
circuit  which  is  fed  by  a constant- 
current  source  such  as  a pentode 
tube.  An  analytical  expression  is 
derived  to  show  the  attenuation  in- 
troduced by  the  trap  and  its  effect 
on  the  variation  in  amplification 
with  frequency.  This  information 
is  presented  by  universal  curves 
which  show  the  ratio  between  the 
response  obtained  with  a trap  to  the 
response  obtained  without  the  trap, 
as  a function  of  the  following  para- 
meters: (1)  the  rejection  at  the 
trap  frequency,  (2)  the  generalized 
frequency  separation  between  the 
trap  and  the  circuit  to  which  it  is 
coupled,  and  (3)  the  ratio  between 
the  Q of  the  trap  and  the  Q of  the 
circuit  to  which  it  is  coupled. 

Application 

A typical  application  is  found  in 
the  design  of  video  intermediate- 
frequency  amplifiers  of  television 
receivers  which  employ  staggered 
tuned  circuits  as  coupling  elements. 
In  these  receivers  rejection  at  the 
accompanying  sound  carrier  fre- 
quency and  at  the  picture  and  sound 
carrier  frequencies  of  the  adjacent 
channels  is  frequently  obtained  by 
means  of  absorption  traps  which 
are  inductively  coupled  to  the  stag- 
gered tuned  circuits.  The  universal 
response  curves  presented  show  the 


effect  of  the  absorption  traps  on  the 
response  over  the  pass  band  as  well 
as  the  magnitude  of  the  after  re- 
sponse which  impairs  the  skirt 
selectivity. 

Response  Curves 

Although  universal  response 
curves  have  long  been  used  for  the 
simple  resonant  circuit  and  for 
synchronous  double-tuned  circuits, 
analogous  curves  heretofore  have 
not  been  available  for  absorption 
traps.  The  universal  response 
curves  presented  here  enable  the 
same  simplification  in  the  design  of 
absorption  trap  circuits  as  results 
from  the  use  of  universal  response 
curves  for  single  and  double-tuned 
circuits.  Since  as  many  as  three 
absorption  traps  are  frequently 
used  in  the  video  intermediate-fre- 
quency amplifier  of  a television  re- 
ceiver, the  saving  in  design  time  is 
significant. 

It  is  of  interest  that  the  universal 
response  curves  indicate  that  opti- 
mum performance  is  obtained  when 
an  absorption  trap  is  coupled  to  a 


FIG.  1 — Circuit  diagram  and  equivalent 
circuit  of  a typical  amplifier  employing 
an  absorption  trap 


circuit  which  is  relatively  close  in 
frequency.  A misconception  that 
the  circuits  should  be  widely  sepa- 
rated has  led  to  the  design  of  some 
amplifiers  having  relatively  high 


distortion  of  the  pass  band  and  high 
after  responses  for  a given  rejec- 
tion. 

Determination  of  Response  Ratio 

A typical  circuit  employing  an  ab- 
sorption trap  is  shown  in  Fig.  1. 
The  amplifier  plate  load  consists  of 
the  tuned  circuit  L,Cp  which  is  in- 
ductively coupled  to  the  trap  circuit 
L.C,.  In  addition  to  the  simple  in- 
ductive coupling  shown  in  Fig.  1,  it 
is  possible  to  use  other  forms  of 
coupling  such  as  high-side  capaci- 
tive coupling.  As  with  synchronous 
double-tuned  circuits,  results  are 
equivalent  in  the  narrow-band  case. 

The  effect  of  the  trap  on  the  over- 
all response  is  conveniently  ex- 
pressed by  determining  the  ratio  of 
the  response  with  the  trap  to  the 
response  without  the  trap.  This 
ratio  is  particularly  convenient  in 
applying  the  results  to  the  design 
of  stagger-tuned  amplifiers.  It  per- 
mits the  conventional  procedure  to 
be  followed  in  the  design  of  the 
staggered  circuits  and  the  effect  of 
the  traps  can  then  be  added  to  de- 
termine the  overall  response. 

Definition  of  Terms 

The  following  terms  are  defined: 

fp  = resonant  frequency  of  the 
primary 

f,  = resonant  frequency  of  the 
trap 

B = (/  — /,)//,  = fractional  de- 
tuning with  respect  to  trap 

8i  = (/,  — /,)//,  = fractional 
detuning  of  primary  with  respect 
to  the  trap 

p z=  2Q,8  = generalized  frac- 
tional detuning 
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Pi  — 2Q,Si  = generalized  frac- 
tional detuning  of  primary  with  re- 
spect to  trap 

a = = (coupling/ 

critical  coupling)* 
n = Q,/Qf  = trap  Q/primary  Q 
R — desired  attenuation  at  the 
trap  frequency 

If  28  < 1,  it  pan  be  shown  that 
the  impedance  reflected  by  the  trap 
is  a/(l  -h  n*p*)  — a np/(l  + w*p*) 
It  can  further  be  shown  that  the 
effect  of  the  trap  can  be  represented 
as  a function  of  three  parameters 
by  the  following  expression : 


Repponse  with  trap 
Response  without  trap 

1 + (p  - PiY 

\ 1 + a/(l  -1-  nV)  }•*  + ■{  P — Pi  — 


a np/(l  + nV)  J (1) 

The  three  parameters  are  Pi,  n,  and 
R as  previously  defined. 

The  coupling  factor  a is  related 
to  the  attenuation  introduced  by 
the  trap  at  its  resonant  frequency 
by  the  equation  (1  + a)*  = 

<1  + Pi*)  — Pi*.  As  is  to  be  expected 
the  value  of  the  coupling  factor 
depends  not  only  on  the  desired  at- 
tenuation but  on  the  generalized 
tuning  separation  Pi. 

The  analytical  solution  (Eq.  1) 
may  be  expressed  in  a more  useful 
form  by  plotting  the  response  ratio 
for  suitable  values  of  the  three 
parameters. 

Representative  Charts 

The  families  of  curves  shown  in 
Charts  1 to  16  are  the  result  of  plot- 
ting Eq.  1 as  a function  of  p for 
representative  values  of  the  param- 
eters: frequency  separation  Pi,  at- 
tenuation at  the  trap  frequency  R, 
and  Q ratio  n. 

Four  values  of  Pi  are  chosen; 
these  are  0,  0.5,  1.0,  and  2.0.  The 
curves  for  Pi  = 0 show  the  response 
for  the  limiting  case  as  the  fre- 
quency separation  approaches  zero. 
The  curves  for  Pi  = 0.5  correspond 
to  the  trap  being  tuned  to  the  fre- 
quency at  which  the  response  of  the 
primary  by  itself  is  90  percent  of 


its  maximum  response.  Similarly, 
Pi  = 1.0  corresponds  to  the  70.7  — 
percent  point  and  pi  = 2.0  corres- 
ponds to  the  44.7  — percent  point. 
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FIG.  2 — ^Nomograph  for  detennination 
of  coupling  factor  between  absorption 
trap  and  tuned  circuit 


These  values  cover  the  range  nor- 
mally encountered  in  the  applica- 
tion of  absorption  traps. 

Curves  are  drawn  for  four  values 
of  the  attenuation  R.  These  are 
E = 8,  14,  20,  and  26  db,  corre- 
sponding to  an  attenuation  of  from 
2.5  to  20  times  in  voltage  ratio. 

For  each  value  of  p,  and  R,  curves 
are  drawn  for  three  values  of  n: 
» = 10;  n = 20;  and  n = 40.  These 
values  of  the  ratio  between  the  sec- 
ondary and  primary  Q correspond 
to  the  values  encountered  in  the  de- 
sign of  stagger-tuned  amplifiers  at 
television  intermediate  frequencies. 

A decibel  scale  is  used  in  plotting 
the  response  ratio  to  permit  the  ef- 
fect of  several  traps  to  be  deter- 
mined by  addition  of  the  individual 
response  ratios.  The  overall  re- 
sponse is  then  determined  by  the 
addition  of  the  total  response  ratio 
curve  to  the  response  obtained  in 
the  absence  of  the  absorption  traps. 
Care  must  be  taken  to  combine  the 
curves  with  respect  to  an  absolute 
frequency  scale. 

The  response  curves  are  all 
plotted  on  the  basis  that  the  trap  or 
secondary  frequency  is  lower  than 


the  frequency  of  the  circuit  to 
which  it  is  coupled.  If  the  opposite 
is  true,  the  curves  still  apply  pro- 
vided the  positive  direction  of  the  p 
frequency  scale  is  reversed.  The  de- 
sired response  is  then  the  mirror 
image  of  the  response  shown  in  the 
charts. 

Nomograph  for  Coupling  Determination 

The  coupling  factor 


RjMi 


is  related  to  the  attenuation  intro- 
duced by  the  trap  at  its  resonant 
frequency  by  the  equation 

(l-f«)*=i2*(l-hpS-p?  (2) 

As  is  to  be  expected,  the  value  of 
the  coupling  factor  depends  not  only 
on  the  desired  attenuation  but  also 
on  the  generalized  tuning  sepa- 
ration pi. 

A nomograph  constructed  from 
this  equation  to  enable  the  rapid 
determination  of  a,  when  pi  and  R 
are  known,  is  shown  in  Fig.  2. 

To  determine  experimentally  the 
coupling  corresponding  to  a given 
value  of  a,  the  trap  is  initially  tuned 
to  the  same  frequency  as  the  pri- 
mary. The  coupling  is  then  adjusted 
until  the  response  R'  drops  to 
1/(1  -|-  a)  of  the  original  response. 

Conclusions 

The  universal  response  curves 
presented  in  Charts  1 to  16  signifi- 
cantly reduce  the  labor  required  to 
solve  problems  involving  absorption 
traps.  An  examination  of  these 
curves  reveals  that  so  far  as  the 
circuit  design  permits,  it  is  desira- 
ble to  have  the  frequency  separa- 
tion as  small  as  possible ; and  a high 
trap  Q is  desirable.  • 

It  is  clear  that  neither  the  L/C 
ratio  of  the  primary  nor  the  L/C 
ratio  of  the  trap  have  any  effect  on 
the  response  of  the  circuit, 'provided 
the  proper  coupling  is  used.  In  gen- 
eral the  value  of  trap  inductance  is 
determined  so  as  to  obtain  the  max- 
imum Q consistent  with  a con- 
venient physical  coil  size. 
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Filter  Characteristics  for  the  Dynamic  Noise 

Suppressor 

Analysis  of  the  cascaded  pair  of  four-terminal  networks  that  form  the  basis  for  high- 
and  low-frequency  response  control  in  the  Scott  device.  Effect  of  reactance  tubes  as 

variable  circuit  elements  is  indicated 


The  dynamic  noise  suppressor 
basically  consists  of  two  four-ter- 
minal networks  connected  in  cas- 
cade, each  network  dynamically  con- 
trolling the  high-frequency  and  low- 
frequency  response  of  the  audio 
amplifier,  respectively.  Each  net- 
work, in  turn,  consists  of  a few 
lumped  parameters,  all  dissipation- 
less, together  with  a variable  re- 
actance, the  value  of  which  depends 
on  the  relative  signal  level.  We 
shall  now  consider  each  of  the  four- 
terminal  networks,  investigating 
them  in  the  manner  of  conventional 
filter  theory. 

For  a four-terminal  network  com- 
prised of  two  impedances,  Zi  and  Z2, 
as  shown  in  Fig.  1,  the  attenuation 
function  can  be  expressed  as  the  in- 
verse hyperbolic  cosine  of  the 


FIG.  lA — Four-termitaci  network  with 
generolixed  series  and  shunt  arms 


FIG.  IB — stop-bond  filter 


By  LESLIE  G.  McCRACKEN 

square-root  of  the  product  of  the 
diagonal  elements  of  the  matrix 
usually  referred  to  as  the  ABCD 
matrix.*'*  Functionally,  this  relation 
.is  y = 8.686  cosh'*  iAD)i  where 
Y is  the  reactive  attenuation  func- 
tion in  decibels,  and  where  A and  D 
are  the  diagonal  elements  of  the 
ABCD  matrix  relating  the  output 
voltage  to  the  input  voltage  for  the 
four-terminal  network.  Now,  if  we 
consider  what  A and  D are  for  Fig. 
lA,  we  find  that  the  attenuation 
function  is 

y = 8.686  cosh-*[l  + decibels  (1) 

Considering  the  four-terminal  net- 
work shown  in  Fig.  IB,  we  may 
write  Zi  and  Z^  as 

‘ 1 - a>*ZaCi 

Zi  = jwLj  -f-  (1/jwC) 


FIG.  2A — Attenuation  function  of  stop- 
band  filter  TS  frequency 


FIG.  2B— High-pass  filter 


If  these  values  are  substituted  in 
Eq.  1 the  attenuation  function 
becomes 

y — 8.686  cosh"^  X 

Inspection  of  Eq.  2 reveals  that 
the  attenuation  function  versus  fre- 
quency will  have,  in  general,  the 
shape  indicated  in  Fig.  2 A.  There 
are  two  points  of  infinite  attenua- 
tion, the  frequencies  for  which  we 
shall  designate  as  /„!  and  /e*,  where 
the  subscripts  1 and  2 refer  to  the 
parameter  subscripts  responsible 
for  the  frequencies  of  infinite  atten- 
uation. Furthermore,  there  is  a 
definite  pass  band,  since  this  net- 
work under  consideration  is  a stop- 
band  filter,  and  has  a critical  fre- 
quency /o  that  designates  the  edge 
of  the  pass  band.  Finally,  we  shall 
define  the  frequency  of  minimum 
attenuation  lying  between  /*!  and 
/.a  as  fm-  It  is  merely  a matter  of 

algebra  and  some  differential  cal- 
culus to  find  these  critical  frequen- 
cies in  terms  of  the  network  param- 
eters, expressed  as  follows 

f = (1/2  t)  (1/Li  Cl)*/*  (3a) 

*1 

4^  = (1/2  t)  (1/L.  C)*/*  (3b) 

/,S(l/2  7r)  (l/LiO*/*  (3c) 

(1/2t)  (l/L.L,CiO*/*  (3d) 
Immediately,  one  notes  that  of 
the  two  frequencies  yielding  infinite 
attenuation,  one  will  be  constant 
regardless  of  the  variations  of  the 
variable  reactance  for  the  capacitor 
C (Fig.  IB),  while  the  other  fre- 
quency of  infinite  attenuation  shifts 
for  variations  in  the  reactance  of 
capacitor  C.  It  is  this  variation 
that  is  of  paramount  importance  in 
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the  dynamic  noise  suppressor,  for 
by  dynamically  altering  the  value  of 
capacitance  C,  one  may  achieve  a 
variable  stop-band  filter;  and,  by 
careful  selection  of  components,  one 
may  achieve  a characteristic  ap- 
proximating that  of  the  human  ear. 

For  the  four-terminal  network 
considered  it  is  possible  to  find  the 
minimum  attenuation  in  the  range 
of  frequencies  between  and  /«,. 


y mia  *■  8.686  ooah*‘  X 


where : 

com  = 2jr/« 


The  minimum  attenuation  will  be 
least  when  the  critical  frequencies 
/cl  and  /ca  are  widely  spaced,  say  in 
a ratio  fa/f^a  greater  than  10.  When 
this  condition  obtains,  the  minimum 
attenuation  in  the  stop  band  reduces 
to  approximately 

7mia  = 8.686  cosh-»  [1  + {UIUW  db  (4) 

Increasing  the  ratio  Li/Lj  will 
raise  the  minimum  attenuation  in 
the  stop  band,  so  that  the  dynamic 
noise  suppressor  should  be  designed 
with  a favorable  Li/La  ratio. 

Connected  in  cascade  with  the 
four-terminal  network  above  is  a 
high-pass  filter  of  the  configuration 
shown  in  Fig.  2B.  This  network  is 
simpler  to  analyze,  and  the  resulting 
attenuation  function  is 

y'  ~ 8.686  cosh  X 
2(7,  (1  - 

where  L will  now  be  the  variable 
parameter  dependent  on  signal 


FIG.  3A — ^Attenuation  function  of  high* 
pass  filter  vs  frequency 


FIG.  3B — Attenuation  of  overall  network 
as  function  of  frequency 


level.  The  equation  above  indicates 
a resonant  attenuation  peak  which 
will  shift  when  the  L parameter  is 
varied ; this  peak  of  infinite  attenu- 
ation will  occur  at  a frequency  /*, 
which  is 


= (l/2ir)(l/LC',)i/» 

The  characteristic  curve  for  this 
high-pass  filter  is  shown  in  Fig  3A. 
Here,  we  note  that  the  slope  of  the 
attenuation  function  vs  frequency 
changes  gradually,  whereas  the 
slope  of  the  characteristic  curve  for 
the  stop-band  filter  changed  very 
abruptly.  These  characteristics  re- 
semble those  obtained  for  a con- 


stant -k  filter  and  a repeated  deriva- 
tion m-  derived  filter,  respectively. 

Combined  Networks 

The  overall  response  of  the  com- 
bined four-terminal  networks  is 
shown  in  Fig.  3B.  If  we  now  per- 
mit the  L and  C parameters  to  vary 
linearly  as  functions  of  signal  level, 
we  note  that  the  bandwidth  of  the 
overall  circuit  changes  rapidly  in 
the  high-frequency  region  and 
slowly  in  the  low-frequency  region. 

Utilizing  the  signal  level  to  change 
the  grid  bias  on  reactance  tubes  in 
the  dynamic  noise  suppressor, 
where  the  reactance  tubes  replace 
the  variable  elements  in  the  net- 
works, and  adjusting  the  circuit  to 
conform  to  the  characteristics  of 
the  human  ear,  we  are  able  to  ob- 
tain the  optimum  signal-to-noise 
ratio  that  is  possible  from  the  given 
sound  source.  Sound  is  used  loosely 
here  to  correspond  to  the  impres- 
sions on  disc  recordings  or  the 
signal  at  the  output  of  the  detector 
in  an  amplitude-modulation  re- 
ceiver tuned  to  an  amplitude-modu- 
lation station. 

We  may  conclude  from  the  dis- 
cussion above  that  there  is  good 
theoretical  evidence  to  support  H. 
H.  Scott’s  statements  that  the  dy- 
namic noise  suppressor  will  im- 
prove a sound  system  if  it  be  prop- 
erly designed. 


Refere:n<^ 

(1)  H.  H.  Scott,  Dynamic  Noise  Sup- 
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Networks,  John  Wiley  and  Sons,  Inc., 
1985,  p 70. 

(3)  Ref.  (2)  p 169. 
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Network  Design  Charts 

Time-saving  universal  T,  pi  and  L network  design  charts  covering  all  normally 
encountered  phase  shifts  and  transformation  ratios.  Scale  multiplying  factors  are 
eliminated  hy  normalizing  the  input  and  output  impedances  being  matched 


The  problem  of  matching 
arbitrary  impedances  to  a 
given  transmission-line  imped- 
ance is  common  throughout  the 
radio  industry.  The  accompany- 
ing charts  permit  simultaneous 
solution  of  matching  reactance 
limits  over  a range  of  both  phase 
shift  and  load  resistance.  To 
make  the  plots  universal,  it  was 
necessary  to  normalize  to  a one- 
ohm  or  one-mho  transmission 
line.  If  the  practical  line  is  other 
than  one  ohm,  it  will  be  neces- 
sary to  normalize  R2,  so  that 
Esn  = Ri/Ri.  Using  this  value  of 
Rant  enter  the  chart  along  this 
line  to  the  appropriate  value  of 
phase  shift  and  interpolate  be- 
tween plotted  values  of  loci,  ob- 
taining Zi„,  Ztn  and  in  turn  on 
the  three  charts.  To  obtain  Z^, 
Za  and  Zt,  simply  multiply  Z^, 
ZaA  and  Zt^  by  actual  line  imped- 
ance. 

Example  1.  Assume  a T net- 
work is  required  to  match  a 35- 
ohm  load  to  a 50-ohm  transmis- 
sion line  with  a phase  shift  of 
80  degrees. 

(a)  Z.  = 50  ft  = 35  /J  = 80“ 

(b)  ft,  = 35/50  = 0.7 

(c)  Enter  chart  Zi  at  ft  =0.7  and 
follow  to  /9  = ^“ 

(d)  ReadZu  = +0.67 

(e)  Z,  = i 50  X (+  0.67)  = +i  33.5 
ohms 

(f)  Similarly,  on  chart  Zj  find  Zj, 

= +0.725 

(g)  Z,  = i 50  (+  0.725)  = + i 36.25 
ohms 

(h)  Similarly,  on  chart  Zt  find  Zi„ 

= -0.85 

(i)  Z,  = i50(-0.85)  = -i42.5 
ohms 


By  T.  U.  FOIEY 
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sion  line.  (Note  that  in  the  case 
of  an  L network,  we  cannot 
specify  both  phase  shift  and  load 
resistance  since  when  one  is 
specified  the  other  is  fixed.) 


Example  2.  Assume  a w net- 
work is  required  to  match  a 35- 
ohm  load  to  a 50-ohm  transmis- 
sion line  with  a phase  shift  of 
80  degrees. 

(a)  Zo  = 50,  ft  = 35,  /3  = 80“ 

(b)  Go  = 1/50  = 0.02  Ga  = 1/35  = 
0.0286  Gfc,  = 0.0286/0.02  = 1.43 

(c)  Enter  chart  F,  at  G*  = 1 .43  and 
follow  to  /S  = 

(d)  Read  F„„  = + 1 .03 

(e)  F,  =y0.02(+  1.03)  = + 

i 0.0206  or  Z.  = 1/F.  = -j4S.5 
ohms 

(f)  Similarly,  on  chart  Ft  find  Fb,  = 
0.96 

(g)  Fft  =i0.02(+0.96)  = +i0.0192 
or  Zi  = 1/  Fi  = — y 52 . 1 ohms 

(h)  Similarly,  on  chart  F*  find  ¥„  = — 
1.22 

(i)  Fe  =y0.02(-1.22)  = -y0.0244, 
or  Ze  = 1/  Fa  = + y 41  ohms 

Example  3.  Assume  an  L net- 
work is  required  to  match  a 12.5- 
ohm  load  to  a 50-ohm  transmis- 


(a)  Z„  = 50  ft  = 12.5 

(b)  Ra„  = 12.5/50  = 0.25 

(c)  (If  Ran  is  less  than  1,  enter  chart  Zi; 
if  ftn  is  greater  than  1,  enter 
chart  Z2) 

(d)  Enter  chart  Zi  at  ft  = 0.25  and 
follow  to  locus  of  zero  reactance 

(e)  Read  3 = 60“,  Zi  = 0 

(f)  Enter  chart  Za  at  ft  = 0.25  and 
follow  to  /3  = 60* 

(g)  ReadZj,  = +0.43 

(h)  Zj  = y 50  (+  0.43)  = + y 21.5  ohms 

(i)  SimilMly,  find  Zj,  = — 0.58 

O')  Zj  = y 50  (-  0.58)  = - y 29  ohms 

All  of  the  above  illustrations 
have  assumed  lagging  networks. 
Reversing  the  sign  of  each  react- 
ance arm  changes  from'  lagging 
network  to  leading  network. 

To  extend  the  technique  to 
cover  a range  of  phase  shifts 
over  a range  of  load  resistances, 
the  principles  of  the  preceding 
illustrations  pertain.  In  this 
case,  however,  the  point  plot  be- 
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comes  a rectangle  about  the  de- 
sign center.  A rectangular 
template  can  be  made  on  trans- 
parent material  to  permit  evalu-' 
ation  over  a range  of  ±10  de- 
grees from  design-center  phase 
shift.  Simultaneously,  it  would 
cover  a 2 to  1 load  resistance 
variation.  Other  rectangles  can 
be  made  easily  to  cover  any 
range  of  phase  shift  and  load 
resistance  variation. 

Example  U.  Since  the  range 
technique  is  essentially  the  same 
as  the  point  technique,  a single 
illustration  will  suffice:  Assume 
a T network  is  required  to  match 
a 35-ohm  nominal  resistance  to 
a 50-ohm  transmission  line  over 
a resistance  range  of  2 to  1 cen- 
tered on  35  ohms  and  over  a 
phase  shift  range  of  70°  to  90°. 
Following  the  technique  of  Ex- 
ample 1,  center  the  rectangle  at 


R%  =0.7  and  P = 80°  on  chart  Zi. 
Read  limits  of  = -f  0.39  — > 
1.0.  Then 

Zx  1.0) 

= -F  J 19 .6  — ► -h  i 60  ohms 

Appendix 

Referring  to  Fig.  1 and  2, 
equations  for  reactance  arms  of 
T and  « networks  are : 


Zx  = -i 

RxCOB  P ~ ^JRi  R, 

(1) 

sin  p 

Zt  — — j 

Rl  COB  /S  — V/?i  Rt 

(2) 

mD  p 

Zz  = — j 

Vi?,i?, 

sin  p 

(3) 

II 

+ 

Rl  Ri  sin 

(4) 

Ricos/S-  VRiRi 

Zh  — i-  y ■ 

Rl  Rl  sin 

(6) 

Rxcoep-  VRi  Ri 

Ze  = ■{■  j ^IRx  Rtmn  P 

(6) 

These  equations  may  be  nor- 
malized in  terms  of  Ri  by  substi- 
tuting 

Rtn  = Rt/Rx,  leaving 


V cos  /3  — ViZin 

"■n  ~ n — J : ^ 

Ri  Sin  /3 

y _ Z2  _ . Rlr,  cos  Vi?*. 

K\  sin  p 


~ Rx  ^ 


Vi?2B  _ 
sin  4 

i?2n  sin  /3 


R\  Rin  COS  /3  - Vi?*, 

_ = + y sin  /3 

Rl  cos  /3  - Vi?2n 


(7) 

(8) 
(9) 

(10) 

(11) 


= +y  Vi?2n  sin  /3  (12) 


Equations  10,  11  and  12  can  be 
put  on  an  admittance  basis  as 
follows : 


1 ^ _ .Rm  cos  p—  V^ 

Zan  ^ sin  j8 


V 


1 

Gin 


/8 


. cos  p — VGW 
^ sin  /3 


(13) 


1 _ _ . cos  /3  — Vi?*, 
Zbn  ^ .R*.  sin  /3 


. Gin  cos  — Vg^ 
^ sin  /9 


(14) 


= _ ,•  1 
'cn  Vi?*.  sin  /3 

• ^Gln 
^ sin  /3 


(15) 


Comparing  Eq.  13,  14  and  15 
with  Eq.  7,  8 and  9,  it  is  seen 
that  the  equations  for  a 1:  net- 
work on  an  admittance  basis  are 
identical  to  the  equations  for  a 
T network  on  an  impedance 
basis.  Solving  for  R*.  in  Eq.  7, 
8 and  9 gives 


A2n  — \Z}n  sm  )8  + COS 

1 ± V 1 — 2Zin  sin  2 


Rtn 


-c 


2 cos  /S 


(16) 

(17) 


Rsn  = (~  Zin  sin  ^)2  (18) 

Equations  16,  17  and  IS^were 
used  to  calculate  points  on 
curves  Z^,  Zx  and  by  holding 
Z"s  fixed  for  each  locus,  ranging 
3 over  30°  to  150°  and  solving 
for  Rxn. 
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Minimum-Loss  Matching  Pads 

Simple  nomograph  gives  the  two  resistance  values  needed  in  an  L-type  network  for 
matching  unequal  impedances  with  minimum  power  loss,  and  also  gives  directly  the 
amount  of  loss  in  dh.  Multiplying  factors  are  easily  used  to  extend  ranges 


By  JOSEPH  C.  BREGAR 

w TWO-RESISTANCE  network  for 
matching  two  unequal  im- 
pedances provides  proper  match- 
ing with  a minimum  of  power 
loss.  The  accompanying  nomo- 
graph solves  for  the  resistance 
values  needed. 

Example  1.  Match  a 72-ohm 
line  to  a 52-ohm  line  with  a mini- 
mum of  power  loss.  Determine 


the  loss  in  db. 

Solution.  Adjust  a straight- 
edge to  connect  72  on  the  Ra  scale 
and  52  on  the  Rt  scale  (/?„  must 
be  greater  than  Rb,  and  there- 
fore = 72  and  Rb  — 52) . The 
intercept  on  the  db  loss  scale 
shows  the  matching-pad  loss  as 
5.1  db.  Next,  adjust  the  straight- 


edge at  right  angles  to  the  loss 
line  and  through  the  5.1-db  point, 
and  read  the  X and  Y values  as 
X = 0.53  and  Y = 1.9.  The  de- 
sired resistor  values  are  then  Ri 
= XRa  = 0.53  X 72  = 38  ohms, 
and  Rz  = YRb  = 1.9  x 52  = 99 
ohms. 

The  scale  ranges  are  chosen 
for  common  impedance  values. 
The  nomograph  may  be  used  for 
any  values  by  the  application  of 
the  same  multiplier  to  the  Ra  and 
Rb  scales.  No  multipliers  are  re- 
quired for  the  loss  scale  or  the 
X and  Y values.  The  X and  Y 
values  are  applied  to  the  original 
problem  values  of  Ra  and  Rb  in 
determining  R^  and  R2. 

Example  2.  Match  a 3,000-ohm 
source  to  a 600-ohm  load  with 
a minimum  of  loss.  Determine 
the  loss. 

Solution.  A convenient  scale 
factor  is  1/10.  Applied  to  the 
problem  values,  Ra  becomes  300 
and  Rb  'becomes  60.  Connect  these 
points  with  a straightedge  and 
read  the  pad  loss  as  12.5  db. 
Next,  read  the  X and  Y values 
as  0.89  and  1.12  respectively. 
Applying  these  values  to  the 
original  problem  impedances  of 
3,000  and  600  ohms  gives  R^  = 
0.89  X 3,000  = 2,700  ohms  and 
Ri  =■  1.12  X 600  = 670  ohms. 

The  matching  of  impedances 
of  more  than  30-to-l  ratio  in- 
volves high  power  losses,  and 
other  types  of  coupling  networks 
are  employed.  For  impedance 
matching  when  power  loss  is  un- 
important and  the  ratio  of  im- 
pedances is  more  than  30-to-l, 
the  X and  Y values  approach  1 ; 
then  Ra  = Ri  and  Rb  — Rs  for 
proper  matching. 
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Universal  Equalizer  Chart 

Modification  of  familiar  Smith  chart  consolidates  on  one  time-saving  plot  all 
positive-value  solutions  to  the  two  general  equations  for  series,  shunt  and 

bridged-T  audio  equalizers 

By  D.  A.  ALSBERG 

The  single  chart  in  Fig.  1 re-  The  chart  is  derived  by  applying  where  is  a complex  number. 

places  as  many  as  eleven  to  the  two  general  forms  of  This  transforms  the  conven- 

conventional  equalizer  charts,  yet  equalizer  equations  (Eq.  10  and  tional  rectangular  grid  of  u and  v 

gives  all  solutions  containing  11  in  Fig.  2)  the  bilinear  trans-  to  a set  of  orthogonal  circles,  all 

positive  resistances  or  conduc-  form  of  which  pass  through  the  point 

tances  for  the  commonly  used  = (1  ^ (12)  + 1,  and  the  circle  m = 0 is 

equalizer  structures  of  Fig.  2.  identical  with  the  unit  circle  in 
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the  ^ plane.  This  grid  of  ortho- 
gonal circles  representing  the  u 
and  V coordinates  is  identical  to 
the  grid  of  the  familiar  Smith 
chart. 

Solving  Eq.  10  in  the  ? plane, 
the  lines  of  constant  insertion 
loss  become  circles  centered  on 
the  point  = — 1 and  whose  loci 
are  defined  by 

a (db)  = - 20  log  1(1  + f)/2|  (13) 
The  lines  of  constant  phase  shift 


generator  is  a special  case  of  the 
shunt  equalizer  and  is  particu- 
larly useful  in  electron  tube 
stages  which  behave  substan- 
tially like  constant-current  gen- 
erators, such  as  pentodes.  One 
specific  use  is  to  compute  the 
effect  of  shunting  parasitic  ca- 
pacitances on  the  gain  and  phase 
of  an  electron  tube  stage.  In  this 
case  the  parasitic  shunt  react- 
ance would  be  considered  Z*. 


fig.  2 ^Bcnic  equalizer  circuits,  pertinent  equations,  and  example 


are  radii  through  the  point  ^ = 
—1  whose  angle  from  the  real 
axis  in  the  C plane  is  equal  to 
the  phase  shift. 

The  solution  of  Eq.  11  in  the  ^ 
plane  is  essentially  the  same  as 
Eq.  10  except  that  the  center  for 
the  loss  circles  and  phase  shift 
radii  is  now  the  point  ^ = -f  1 
and  the  loci  of  the  loss  circles  are 
defined  by 

a (db)  = - 20  log  1(1  - f)/2|  (14) 

Applications 

Series  and  shunt  equalizer  con- 
figurations are  useful  when  it  is 
unnecessary  to  maintain  con- 
stant impedance,  such  as  in  elec- 
tron tube  interstages.  When  the 
network  must  have  constant  im- 
pedance, the  bridged-T  equalizer 
is  used.  The  constant-current 


While  Eq.  1 to  9 have  been 
written  for  a pure  resistance 
Ro,  R,  may  be  replaced  in  all 
these  expressions  by  a complex 
impedance  Z,.  Then  the  values 
u and  V in  the  chart  represent 
the  real  and  imaginary  compo- 
nents of  the  fraction  Z/Z,  or 
the  product  YZ,.  The  chart  is 
also  useful  when  measuring  im- 
pedance using  the  insertion  loss 
and  phase  principle. 

Example  of  Use 

Curve  A in  Fig.  2A  represents 
an  amplifier  response  curve.  The 
objective  is  to  flatten  the  re- 
sponse peak  at  10  kc.  A con- 
venient place  to  perform  the 
equalization  is  found  in  the  plate 
circuit  of  a tube  which  has  an 
internal  plate  resistance  R,  = 


3,000  ohms  and  works  into  a load 
of  Rr  = 1,000  ohms,  as  in  Fig. 
2K.  The  shape  of  curve  A sug- 
gests use  of  a parallel-tuned 
circuit  shunted  by  a resistance 
in  the  case  of  a series  equalizer. 
With  three  independent  elements 
in  the  equalizer,  three  inde- 
pendent parameters  may  be 
chosen.  As  first  parameter  we 
choose  to  tune  the  circuit  to  o), 
= 10  kc.  As  second  parameter 
we  choose  to  make  the  equalizer 
loss  exactly  3.6  db  at  10  kc,  and 
as  third  parameter  we  decide  to 
match  exactly  the  excess  gain  of 
1 db  at  u>i  = 5 kc. 

Proceeding  with  the  computa- 
tion on  a normalized  admittance 
basis,  at  resonance  the  suscept- 
ance  of  the  equalizer  must  be 
zero.  Entering  the  chart  as 
shown  in  Fig.  2C  on  the  zero-sus- 
ceptance  line,  we  find  the  3.5-db 
loss  circle  intercept  at  the  2.0 
conductance  circle.  Thus  the 
equalizer  must  contain  a norm- 
alized conductance  of  GR,  = 2.0. 

At  5 kc  the  loss  was  set  to  1 db. 
We  now  find  the  intercept  be- 
tween the  2.0  conductance  circle 
and  the  1.0-db  loss  circle  at  a 
susceptance  of  4.0.  From  reso- 
nance at 


ciuCRt 


1 


woL/R» 


= 0 


(15) 


From  the  solution  of  Eq.  10  at 

0)i 


then 


uiCRo  — 


1 

uiL/Ro 


= 4.0 


= 4.25  X 10-* 
L/R,  = 5.97  X 10-* 


(16) 


(17) 

(18) 


From  Eq.  17  and  18  the  net 
normalized  susceptance  of  the 
network  at  any  frequency  may 
be  determined.  To  find  the  loss 
associated  with  each  of  these 
susceptance  values  the  equalizer 
chart  is  entered  on  the  2.0  con- 
ductance circle  and  the  intercept 
with  the  computed  susceptance 
circle  is  located,  at  which  point 
the  loss  value  is  read.  The  result 
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is  plotted  in  curve  B on  Fig.  2A, 
and  the  resulting  net  transmis- 
sion characteristic  is  plotted  as 
curve  C. 


Assuming  curve  C to  be  ade- 
quately flat,  the  actual  element 
values  of  the  equalizer  are  found : 
From  Eq.  1,  R,  is  4,000  ohms. 


Substituting  this  in  GR,  = 2.0 
gives  2,000  ohms  for  1/G.  Froth 
Eq.  17,  C is  0,0106  [if.  From  Eq. 
18,  L is  23.9  mh. 


Equalizer  Design  Chart 

Bass  and  treble  attenuation  or  accentuation  of  two  types  of  R-C  equalizers  for  audio- 
frequency circuits  are  easily  determined  from  the  graph.  Curves  sketched  from 
the  chart  resemble  those  computed  laboriously  point  by  point 


Four  uses  op  the  graph  are 
demonstrated  by  the  ex- 
amples. The  entire  range  of 
characteristics  is  related  to  the 
quantity  a,  which  is  defined  for 
each  type  of  equalizer  in  Fig.  1 
and  2. 

An  equalizer  is  to  provide  a 
treble  drop  of  3 db  per  octave 
beginning  at  1,000  cps,  operates 
from  a source  resistance  of  33,- 
000  ohms. 

Solution.  For  3 db  per  octave, 
a = 0.33.  R{1  - a)  = 33,000 
whence  R = 49,300  and  a R = 
16,300.  From  the  graph,  AV/i  = 
1.72  so  that  fi'  = 1,720  cps.  At 
this  frequency  Xc  = 49,300 
ohms,  or  C = 0.0019  |xf.  The 
high-frequency  turnover  is  1000/ 
0.111  = 9,000  cps  and  the  high- 
frequency  level  is  down  9.6  db. 

Find  characteristics  of  equal- 
izer consisting  of  series  resist- 
ance of  48,000  ohms  followed  by 
shunt  of  18,000  ohms  and  a 0.001 
— [if  capacitor  in  series. 

Solution.  Total  R = 66,000 
ohms.  At  //,  Xo  = 66,000  ohms, 
or  U — 2,400  cps ; a = 0.273  for 
which  the  graph  shows  a treble 
attenuation  of  3.4  db  per  octave 
with  A7/i  = 1.63;  A = 1,470  cps. 
Other  data  from  the  graph  are 
the  high-frequency  turnover 
(14,200  cps)  and  the  high-fre- 
quency level  (down  11.3  db). 

An  equalizer  for  treble  ac- 
centuation of  4 db  per  octave  be- 


By  CHARLES  P.  BOEGLI 

ginning  at  5,000  cps  is  termi- 
nated by  a 100,000-ohm  grid  re- 
sistor. 

Solution.  For  4 db  per  octave, 
a = 0.20.  R/{1  - a)  = 100,000 


whence  R = 80,000  ohms  and 
R/a  — 400,000  ohms;  A = 6,000 
cps  so  f/  = 7,450  cps  and 
/a'  = 37,250  cps.  Capacitor  G 
has  a reactance  of  80,000  ohms  at 
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37,250  cps;  C = 53 

Find  the  characteristics  of  an 
equalizer  consisting  of  a series 

impedance  of  a 250-ii.tJ.f  capacitor 
paralleled  by  1.5-megohms,  this 
series  impedance  being  followed 
by  a shunt  resistance  of  222,000 
ohms.  This  equalizer  has  been 


recommended  for  use  with 
crystal  pickups  for  commercial 
constant-velocity  pressings. 

Solution.  Parallel  resistance 
R is  193,000  ohms;  //  is  then 

3,250  cps.  Furthermore,  193,000/ 
(1  — a)  = 222,000  whence  1 — a 
= 0.87  and  a = 0.13.  The 


equalizer  provides  4.7  db  per 
octave  treble  boost  with  //  at  422 
cps  and  /i  (the  turnover  fre- 
quency) at  313  cps.  The  low- 
frequency  drop  is  17.7  db. 

As  attenuation  in  db  per  oc- 
tave decreases,  the  frequency 
range  over  which  the  equalizer 
is  eifective  narrows. 


Transfer  Functions  for  R-C  and  R-L  Equalizer 

Networks 


Tjie  accompanying  tabulation 
of  transfer  functions  or  the 
ratio  of  output  to  input  voltage 
{E„/Ei)  is  the  result  of  at- 
tempts to  determine  the  elec- 
trical equivalent  network  of  a 
pneumatic  servo  system  and 
to  find  a satisfactory  equalizer 
for  that  system.  The  phase  angle 
^ between  Eo  and  Et  is  also  given 
in  the  tables.  Transfer  func- 
tions of  the  elementary  networks 
are  common  knowledge  and  are 
included  for  the  sake  of  com- 
pleteness. Wherever  possible 
the  gain  curves  are  represented 
by  asymptotes  and  the  corner 
frequency  which  is  the  inter- 
section of  these  asymptotes. 
Where  two  or  more  corners  exist, 
they  must  be  of  the  order  of  a 


By  E.  W.  TSCHUDl 

decade  apart  in  order  that  the 
gain  curve  may  be  represented 
by  asymptotes.  When  it  is  de- 
sired to  compute  the  actual  gain, 
p should  be  replaced  by  /o)  in  the 
transfer  function  and  the  ampli- 
tude computed  in  the  usual  man- 
ner for  complex  quantities ; 
squaring  the  real  and  then  squar- 
ing the  imaginary  components 
separately,  adding  them  and  then 
taking  the  square  root  of  the 
sum.  For  example  in  No.  1, 

A = JZUZZ 
yi  -f-  r*  0)2 

and  the  gain  is  20  log  A.  In  net- 
works including  inductance,  the 
ohmic  resistance  of  the  induct- 
ance, Rl,  is  represented  as  a 
practical  necessity.  Phase  re- 
sponse curves  are  not  included 


since  it  is  comparatively  simple 
to  compute  the  phase  angle  at 
several  representative  frequen- 
cies. In  general  the  phase  angle 
is  positive  when  the  associated 
gain  increases  and  negative  when 
the  gain  decreases  (attenua- 
tion) . 

The  inclusion  of  phantom 
shunt  impedances  in  No.  1 and  8 
indicates  the  transfer  functions 
are  not  affected  by  their  pres- 
ence. The  values  of  Ta  and  T# 
in  the  corner  frequencies  of  No. 
4 and  6 are  the  roots  of  the  quad- 
ratic expressions  in  the  denomi- 
nators of  these  transfer  func- 
tions. They  are  different  from 
the  two  time  constants  T,  and 
that  are,  respectively,  the  pro- 
ducts* of  R^Ci  and  R2C2. 


NETWORK 

TRANSFER  FUNCTION 
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0 

0 
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Transference  Nomographs  for  Low-Pass 

Iterative  Filters 


Figures  for  attenuation  at  the  prescribed  frequency  allow  r-c  constant  to  be  read  off. 
Phase  angle  for  this  and  for  other  frequencies  between  10  and  1,000  cycles  is  quickly 

determined  as  a second  step 


By  E.  W.  TSCHUDI 


The  use  of  low-pass  iterative 
filters  requires  the  proper 
choice  of  r-c  time  constant  and 
number  of  iterative  stages  to  at- 
tain a specified  attenuation  at  a 
selected  noise  frequency  while 
at  the  same  time  attenuation 
throughout  the  pass  band  is  held 
within  a prescribed  maximum.  A 
knowledge  of  the  amount  of  lag- 
ging phase  angle  at  several  input 
frequencies  for  any  selected  iter- 
ative filter  is  also  of  vital  im- 
portance. To  determine  these 


several  quantities  from  the 
transfer  function  of  one  or  more 
iterative  filters  can  be  a labor- 
ious procedure.  For  example,  the 
transfer  function  of  a four-stage 
filter  is 

Bi 

?: (1) 

1 + lOTp  + i5r*p2  + 7r»p3  + TY 

where  T = RC  and  p = = 

j^Tzf.  The  attenuation  resulting 
from  such  a filter  is  given  by 


II  t 

(1  - + (2) 

+(10  To, 


and  the  phase  angle  by 


lorw  - 77^0^ 

1 - 152^0,2  + T*W* 


(3) 


If  by  the  aid  of  Eq.  2 a value 
of  the  time  constant  T is  found 
that  will  result  in  satisfactory 
attenuation  at  a noise  frequency 
(o„,  one  still  would  not  know  if  a 
three-stage  filter  might  not  be 
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more  desirable  when  considering 
all  of  the  factors  involved.  Trans- 
ference nomographs  furnish  in- 
formation as  to  output  attenua- 
tion and  lagging  phase  angle 
when  input  frequency  and  time 
constant  are  selected. 

Usually,  the  development  of  a 
nomograph  is  based  directly 
upon  an  algebraic  expression  re- 
lating the  dependent  and  inde- 
pendent qualities  involved.  How- 
ever, in  the  present  instance  ex- 
pressions such  as  Eq.  1 and  2 
are  not  readily  adaptable  to  such 
a procedure.  In  order  to  develop 
the  accompanying  transference 
nomographs  it  was  necessary  to 
rely  upon  an  empirical  method  of 
procedure,  the  results  of  which 
are  presented  here. 

As  an  extended  example  of  the 
use  of  these  transference  nomo- 
graphs, suppose  it  is  desired  to 
obtain  an  attenuation  of  60  db  at 
an  input  frequency  of  400  cycles. 
With  a two-stage  filter  an  r-c 
value  of  0.01  is  indicated.  The 
associated  phase  lag  would  be 


173  degrees.  This  filter  would 
then  produce  an  attenuation  of 
about  6 db  at  a frequency  of  10 
cycles  with  an  associated  phase 
lag  of  about  73  degrees. 

With  a three-stage  filter,  an 
r-c  value  of  0.004  is  indicated  to 
produce  60  db  at  400  cycles  with 
an  associated  phase  lag  of  241 
degrees.  This  time  constant  will 
produce  between  4 db  and  5 db  at 
10  cycles  with  an  associated 
phase  lag  of  65  degrees.  With  a 
four-stage  filter,  an  r-c  value  of 
0.002  is  indicated  for  60  db  down 
and  would  result  in  a phase  lag 
of  285  degrees  at  400  cycles.  At 
10  cycles  the  attenuation  would 
be  about  4 db  with  a phase  lag 
of  about  60  degrees.  The  final 
choice  of  the  number  of  stages  to 
be  used  would  be  dictated  by 
circuit  performance  require- 
ments. 

Since  the  output  of  a filter,  as 
given  by  its  transfer  function,  is 
applicable  only  when  the  filter  is 
isolated,  values  taken  from  the 
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nomographs  should  be  applied  in 
an  actual  circuit  including  the 
filter  only  when  that  filter  is  sep- 
arated from  the  balance  of  the 
circuit  by  an  isolation  amplifier, 
or  by  a transducer  if  the  filter  is 
part  of  a servo  loop.  In  all  other 
cases  the  balance  of  a circuit 
loads  the  filter  and  thereby  alters 
its  transfer  characteristics. 


Choke-Input  Filter  Chart 

For  given  bleeder  current,  chart  gives  optimum  values  of  L and  C,  resulting  output  ripple 
and  resonant  frequency,  and  magnitudes  of  four  significant  transients  for  nine  combina- 
tions of  single-phase  and  polyphase  rectifier  circuits  with  various  power  input  frequencies 

By  REUBEN  LEE 


PREVIOUS  charts  for  choke- 
input  filters  give  the  ratio 
of  choke  reactance  to  capaci- 
tor reactance  or  the  LC  pro- 
duct needed  to  attenuate  the 
ripple  to  the  required  level,  but 
individual  values  of  L and  C are 
not  thereby  determined.  Where 
regulation  is  important,  L and  C 
must  have  definite  values  to 
avoid  capacitance  effect,  or  the 
tendency  for  the  d-c  voltage  to 
rise  at  light  loads. 

For  the  circuit  of  Fig.  1 it  can 
be  shown  that 


Rx  = (Xl-  Xc)/Pa  (1) 

where  Ri  is  maximum  bleeder 
resistance  to  prevent  voltage 
rise,  Xl  is  choke  reactance  at 
fundamental  ripple  frequency, 
Xo  is  capacitor  reactance  at 
fundamental  ripple  frequency 
and  Pa  is  peak  amplitude  of  fun- 
damental ripple  frequency  in  the 
rectifier  output,  which  depends 
on  the  type  of  rectifier. 

Attenuation  in  this  filter  can 
be  expressed  by 

Pa  _ Xl  — Xc 

Pb  Xc  ^ ^ 


where  Pr  is  the  peak  ripple 
amplitude  in  the  load.  Combin- 
ing Eq.  1 and  2 gives  Xc  = R,Pk, 
and  therefore 

^ ^ ^ Wr 

Description  of  Chart 

For  a given  rectifier,  filter 
capacitance  C thus  depends  only 
on  the  bleeder  resistance  and 
percent  ripple.  Once  capacitance 
is  fixed,  the  minimum  inductance 
is  also  fixed ; these  are  the  values 
plotted  on  the  chart. 
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Abscissa  values  of  the  right- 
hand  scale  are  bleeder  con- 
ductance in  milliamperes  per 
volt;  and  of  the  left-hand  scale, 
filter  capacitance  in  microfarads. 
Ordinates  of  the  lower  vertical 


INITIAL  CURRENT  SURGE 
i„  IN  LOAD  WHEN 
RECTIFIER  IS  STARTED 


VOLTAGE  DIP  AEd 
WITH  SUDDENLY 
APPLIED  LOAD 


INITIAL  VOLTAGE 
SURGE  AEs  ACROSS 
LOAD  WHEN  RECTI- 
FIER IS  STARTED 


VOLTAGE  RISE  AE_ 
WITH  SUDDENLY 
RELEASED  LOAD 


FIG.  1 — Basic  choke-input  filter  circuit 
and  curves  illustrating  four  transient 
conditions  affecting  circuit  design 


scale  are  inductance  in  henrys. 
Lines  representing  various 
amounts  of  ripple  in  the  load  are 
plotted  in  the  first  quadrant, 
labeled  both  in  db  and  percent 
ripple.  In  the  second  quadrant, 
lines  are  drawn  representing 
different  types  of  rectifiers  and 
supply  line  frequencies.  A sim- 
ilar set  of  lines  is  shown  in  the 
fourth  quadrant. 

Two  orthogonal  sets  of  lines 
are  drawn  in  the  third  quadrant. 
Those  sloping  downward  to  the 
right  represent  resonant  fre- 
quency of  the  filter  L and  C and 
also  load  resistance  Rl.  The  other 
set  of  lines  is  labeled  \/L/C, 
which  may  be  regarded  as  the 
filter  impedance.  It  can  be 
shown  that  the  transient  proper- 
ties of  the  filter  are  dependent 
upon  the  ratio  of  VL/C  to  Rl. 

Ripple  is  plotted  in  two  ways. 
Percent  values  are  rms  ripple 
voltage  in  the  load  divided  by  d-c 
voltage  output  Ei.e,  according 
to  the  IRE  standard  definition; 
db  values  are  equal  to  20  logw 
( rms  ripple) /0.707  E^.,.  Instru- 
ments for  measuring  hum  norm- 
ally read  the  db  value,  which  is 
the  noise-to-signal  ratio  for  100 


percent  modulation  of  Ei-c,  ex- 
pressed in  — db.  It  is  3 db  less 
ripple  than  would  be  obtained  by 
20  times  the  logarithm  of  the 
percent  ripple  expressed  as  a 
fraction.  This  distinction  should 
be  borne  in  mind  if  an  attempt  is 
made  to  correlate  the  two  meth- 
ods of  plotting  ripple. 

Use  of  Chart 

In  using  the  chart,  it  is  well  to 
start  with  bleeder  resistance,  or 
milliamperes  bleeder  current  per 
volt  Ea-c  and  draw  an  ordinate  to 
intersect  the  desired  value  of 
load  ripple,  trace  horizontally  to 
the  type  of  rectifier,  and  read  the 
value  of  C.  Now  return  to  bleeder 
resistance  and  trace  downward 
to  the  type  of  rectifier,  and  read 
the  value  of  L.  More  detailed 
step-by-step  instructions  are 
given  under  the  chart. 

The  L scale  requires  a correc- 
tion to  compensate  for  the  fact 
that  ripple  is  not  exactly  a linear 
function  of  L,  but  rather  of 
Xl-Xc.  The  curves  in  the  lower 
part  of  quadrant  IV  give  the 
amount  of  correction  to  be  added 
when  the  correction  is  greater 
than  1 percent. 

Bleeder  current  given  is  the 
minimum  necessary  for  continu- 
ous current  from  the  rectifier. 
Steady-state  peak  ripple  current 
is  read  directly  on  the  same  scale. 

The  third  quadrant  has  a ser- 
ies of  lines  labeled  /„  and  the 
intersection  of  L and  C thereon 
indicates  the  resonant  frequency 
of  the  filter.  It  should  be  no 
higher  than  the  value  given  in 
the  small  table  in  quadrant  IV 
in  order  to  avoid  excessive  ripple 
in  polyphase  rectifiers  due  to 
supply-line  phase  unbalance. 

If  the  supply  voltage  is  sud- 
denly impressed,  or  if  the  load 
varies  suddenly,  the  filter  is  sub- 
ject to  transients.  The  bottom 
scales  of  quadrant’  III  give  the 
magnitudes  of  the  four  trans- 
ients indicated  on  the  curves  in 
Fig.  1. 

Swinging  Choke 

If  the  choke  in  the  filter  swings 


to  S times  the  full-load  value  in 
henrys,  the  regulation  is  improved 
considerably  without  affecting  the 
full-load  ripple.  The  chart  may  still 
be  used  for  this  case  with  certain 
corrections.  At  least  this  is  true 
for  the  single-phase  full-wave  rec- 
tifier, which  is  where  the  swinging 
choke  is  used  most  commonly.  The 
swinging  choke  requires  less 
bleeder  current  for  a given  number 
of  henrys  at  full  load,  but  capaci- 
tance € is  not  appreciably  affected. 

Since  use  of  the  chart  starts  with 
bleeder  current,  it  is  necessary  to 
multiply  the  capacitance  obtained 
from  the  chart  by  the  ratio  S,  but 
to  it  must  be  added  nearly  the  same 
percentage  the  chart  gives  in  the 
curve  of  corrections  for  L. 

The  value  of  L obtained  by  pro- 
jecting the  bleeder  current  down- 
wards is  the  maximum  or  swinging 
value.  It  must  be  divided  by  S to 
obtain  the  full-load  value.  Tran- 
sient conditions  may  be  approxi- 
mated closely  by  using  the  full 
amount  of  capacitance  in  the  filter 
and  the  full-load  value  of  henrys  in 
the  choke.  Peak  ripple  current  is 
dependent  on  the  full-load  value  of 
henrys  and  is  therefore  S times  the 
bleeder  current. 

Shunt-tuned  Choke 

If  the  filter  choke  is  parallel- 
tuned  to  the  fundamental  ripple  fre- 
quency, the  ripple  and  regulation 
are  less  than  they  would  be  with 
an  untuned  choke.  The  inductance 
of  the  choke  is  held  as  constant  as 
is  practicable  from  bleeder  load  to 
full  load,  so  that  approximately  the 
same  ripple  is  obtained  at  all  loads. 
With  practicable  tolerances  on 
choke  inductance  and  tuning  capaci- 
tance, the  choke  impedance  is  effec- 
tively increased  3 to  1,  hence  Ri  = 
(3A'i  — Xc)/Pa,  and  the  ratio 
{Pa/Ph  is  equal  to  (3Z^  - Xo)/Xc. 
Combining  gives  Xc  = PbR„  and  the 
chart  can  be  used  directly  for  capac- 
itance C.  The  values  of  inductance, 
however,  must  be  divided  by  3 in 
order  to  obtain  the  actual  henrys  in 
the  choke.  This  lower  value  of 
henrys  and  the  capacitance  C across 
the  load  determine  transient  condi- 


FILTERS 


257 


iiiimi^9iS^^iifii9HKfiiiiiiflHBHvaiBi^Si^i!:i0isiB«iii!^jip:ai^isimiiii 

l^!!!!ii!SSilS^giigSSlijaiii!ii■ggalg#^^ga!ga^g«iSj!ai!iim^^ 




'r^rntr^rsm'^mK 


|llll■■■B■■fly|l^S^^»kK«■■k»Kl■■;^■■■■K>SBR«»^Ri«^ll^^[|^^SB^•!illllM■■■■■■l■lll 

lllll■■l■■■lllll^>X«iX«l£»2!l■»■■i^R«fli2^IS«iill’^K^Rillll■■■l■■■llll 

l■l■■■Bia■■«llll■au'*l:%^an;^:Bll■■l?<■CBB■i:^B■flv:tf^0:km^B■r>SBKMllKi2BB■lllB■Bi■■■■B■■ll| 

lllll■■l■■■illlll^■^^X«l^<!l|■WiMKa^lBC»P!^il!:O^ISi■■■llll■i■■l■■■IUI 

llllll■■■■■■lllllllB■is$S!ls?^^iiH■^5<gal^aBjjaQ(Ml■■■llll■■■l■■■lHll 

ll■■B■■lB■■iMll■■au■iB■■a■k.'•t:k%aBk^;aaiBK'iM'>;■rlBsa:iK■laai■■B■i■BB■lll 

llll■■■■■■■llll■■^■■■■■ill^<k\:v«B^c«■■i^iBf:0'iB^pa■ll■i■i■■■■■■llll 

lllll■■■■■■illlll^■l■■■illl|^^X9iX«^R«i^Billll■■■l■|||||! 


■■iSBHaBIHll 
IBBHBBiaBlllll 
■■■■■■Bllll 

l■■l■■■llll 

■ ■■■■■■BBWHIIBBIIMBBWBBimBk  k »>  MM  IJP  B B IIP  aBlllippjppipBapjiiB|BB|||BMBBmi| 


lll■■■■■■■i■■lll■fl^■■■■nl■■fl■^^^ 

lllll■■l■■■llll■n■l■■■illlll■■^^N»^S^l»l■illlll» 

yiEaesaeiHiiHKi^KiiesEsaEiBBranssiEssa 


IHHiilll 

inuiHEi 


mmmziimimvmmMmamMMmnummmmmmmm 


■IIIIIKi^aniHSili^SillBR/.iilll 

■in 

■BBiaaiiiil 


IllIRBQS 

■■Raiip^BH 


Blllllll 


iHRaipasiii 


RESONANT  FREO  1,  FOR 


ripple<t  line  unbalance 


RECTIFIER 

CONNECTION 


SUPPLY  FREO. 


lEBEEIES!] 


!>^^gl^^gg«-^^gii!!»:^^BainTTCTJ7CTCTPCTiTTl 


39  FULL  WAVE 


II^S  l^^3l  EI^3 1 


IPWBHBI 


BSBBiiiiiiiiviiniiii 

iBBSailllllll'fHlllllll 

iKB^ass:si:!iBB§nMiiMiriim 

ggapsK^ggsjygegajHjgBgggsgsaagsgaaaiggBMaiiBiiiiiiriiiilllll 

kaill!!illl!SIIIIIIII 


1 1 1 ■ ’'y  ■ BB  r iB  :bp  L g I ^ a p:*:  B p:<  KJ I B ■ rii  feo 

l■i'yB■valar^<B■■k'BBr..'«k:aM''^l■■v.a■w'B 


liHHBBHBHEB 


VALUES  OF  L ARE 


AOO  CORRECTION  FROM 


CURVE  AT  RIGHT- 
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RIPPLE  IN  % AND  Db 


1.  Assume  suitable  value  of  bleeder 
resistance  or  bleeder  current  h in  ma 
per  volt  of  Ed-c-  This  is  also  steady- 
state  peak  ripple  current  in  ma. 

2.  Trace  upward  on  desired  bleeder 
ordinate  to  intersect  desired  value  of 
load  ripple,  and  from  here  trace  hori- 
zontally to  the  left  to  diagomil  line  for 
rectifier  and  supply  frequency  tised. 
Directly  imder  read  value  of  C. 

3.  Trace  downward  on  same  desired 
bleeder  ordinate  to  intersect  diagoned 
line  below  for  rectifier  and  supply  fre- 
quency, and  read  value  of  L. 


4.  From  desired  ripple  value,  deter- 
mine correction  for  L on  graph  at  lower 
right,  and  add  indicated  correction  to 
vmue  of  L. 

5.  Using  corrected  value  of  L and 
next  standard  value  of  C,  find  inter- 
section in  third  quadrant  and  read 
maximum  resonant  frequency  /r. 

6.  Using  same  values  of  L and  C as 

in  5,  read  value  of  ratio  -^L/C. 

7.  Under  intersection  of  ^L/C  with 
load  resistance  Rl  read  values  of  the 
four  transients. 


Ebcample]|(shown  dotted) : 

Three-phase  full-wave  60-cycle  recti- 
fier; Ed^  = 3,000  v;  /2  = 1 amp;  Ii  = 
96  ma;  load  ripple  = — 50  db 

Solution: 

BleedOT  ma/volt  = 0.032 
C = 4.5  /if  (use  5 /d) 

Scale  value  of  L = 0.78  h;  corrected 
value  = 0.82  h 

Resonant  frequency  = 75  cycles 
Load  resistance  Rl  = 3,000  ohms 
I'm  = 7 /j  = 7 amp;  AEs  = 79%;  AEd 
= 12%  AEr  = 15% 
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tions  as  shown  by  the  third  quad- 
rant of  the  chart.  Peak  ripple  cur- 
rent is  limited  by  tuning  capaci- 
tance. 

Two-Stage  Filters 

In  a two-stage  filter  of  the  choke- 
input  type,  the  most  economical  use 
of  material  occurs  when  both  stages 
of  the  filter  are  alike.  The  chart 
can  be  used  for  such  filters  if  it  is 
recognized  that  the  ripple  is  that  on 
the  load  side  of  the  first  choke. 
The  ripple  across  the  load  is  not 
twice  this  amount  in  negative  db. 

For  example,  if  the  filter  con- 
sisted of  two  stages  both  equal  to 
that  in  the  example,  ripple  would 
not  be  — 100  db,  but  some  lower 
figure,  because  of  the  fact  that  the 
rectifier  output  is  less  than  100 
percent  ripple.  In  the  case  of  the 
three-phase  full-wave  rectifier  this 


is  4.2  percent  rms,  or  —25  db  on 
the  usual  ratio  of  hum  to  maximum 
signal.  Hence  the  net  hum  across 
the  load,  if  two  sections  like  that 
in  the  example  were  used,  would 
be  - 50  db  - 25  db  = - 75  db.  The 
following  table  gives  the  amount 
of  ripple  reduction  which  must  be 
applied  to  each  of  the  three  kinds 
of  rectifiers  shown  on  the  chart  in 
order  to  arrive  at  the  ripple  across 
the  load  with  a two-stage  filter  hav- 
ing like  sections. 

Type  of  Rectifier  db  rms 

Single-Phase  Full-Wave  3.5  0.47 
Three-Phase  Half-Wave  12  0.18 

Three-Phase  Full-Wave  25  0.04 

Instead  of  subtracting  db,  the 
chart  value  in'  percent  may  be 
divided  by  that  given  in  this  table, 


for  the  second  stage. 

The  regulation  in  a two-stage  fil- 
ter, as  far  as  capacitance  effect  is 
concerned,  depends  upon  the  in- 
ductance of  the  first  choke  as  in  a 
single-stage  filter.  Therefore  the 
chart  applies  directly  to  the  induc- 
tance and  capacitance  of  the  first 
stage.  The  peak  ripple  current  like- 
wise depends  upon  the  inductance 
of  the  first  choke,  regardless  of  the 
location  of  the  bleeder  resistor. 

Transients  are  more  complicated, 
due  to  the  fact  that  the  two  stages 
interact  under  transient  condi- 
tions. The  various  transient  prop- 
erties of  voltage  and  current  ob- 
tained from  the  chart  apply 
approximately  to  a two-stage  filter; 
that  is,  the  L and  C of  one  stage 
roughly  determine  them.  Consider- 
able refinement  must  be  used  to 
obtain  more  accurate  answers. 


Single-Input  Attenuators  with  Multiple 

Outputs 


By  CARL  W.  ULRICH 


The  following  method  is  a simple 
means  of  designing  a network  for 
feeding  one  or  more  outputs  from 
a single  source,  see  Fig.  1.  The  in- 
put and  output  branches  all  present 
equal  impedances  and  any  of  the 
terminations  can  be  used  for  either 
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1 

1 

1 
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FIG.  1 — Attenuator  network  ior  feed- 
ing one  or  more  outputs  from  a single 
source 

an  input  or  an  output.  Thus  a net- 
work designed  to  feed  three  outputs 
from  one  input  can  also  be  used  to 
feed  two  inputs  to  two  outputs  or 
three  inputs  to  one  output. 

The  insertion  loss  between  any 


two  branches  is  equal  to  that  be- 
tween any  other  two  branches. 
There  is  a certain  minimum  inser- 
tion loss  dependent  on  the  number 
of  branches.  The  attenuator  can  be 
designed  for  any  loss,  equal  to  or 
greater  than  the  minimum  loss. 
This  feature  may  be  of  value  in 
controlling  the  degree  of  isolation 
between  any  two  output  branches. 

Design  Eqitation 

Since  input  and  output  imped- 
ances are  equal 


Eiu  T db'loss  „ 

Insertion  loss  in  db  = 20  logw 
20  logio  B 


Ein 

Eout 

Ri 


Ziu  = Z = Ri  -\- 


Ri  + Z 
N 


+ Rt 


Ri  + 


Rt  (Z  -h  ^t) 

Z + Ri+  NR, 


From  which. 


R, 


- Ri^ 

Z-  NZ-^Ri-{-  NRi 


Z*  - Ri* 


Eout 

Eiu 


{N -{-l)Ri- (N -1)Z 

Rt{Z  + Ri) 

1_  _ 

B Rt  jZ  -}-  Ri) 


(1) 


Z -h  fii  -h  NR, 


Z Rx  Nr, 


+ Rx 


irm) 

this  reduces  to, 


Rx  (Z  -1-  Rx)  Ri{BZ  - Z - Rx-  NRx) 
substituting  for  R,  the  value  ob- 
tained in  Eq.  1 


Rx  (Z  4- Rx  - NZ Z 

(BZ-Z-  Rx  - NRx) 
or 


(B  - 1)  Z 
5 + 


(2) 


The  condition  for  minimum  pos- 
sible loss  is  realized  when  R,  = 
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infinity.  This  condition  is  obtained 
when  the  denominator  of  Eq.  1 = 0. 

Equating  the  denominator  to  0 
and  substituting  for  the  value 
obtained  in  Eq.  2 

B - N = Q,  B = N 

This  means  that  the  minimum 
possible  loss  is  obtained  when  B = 
N.  If  B is  less  than  N,  Ra  will  be 
negative  and  not  physically  real- 
izable. If  B is  greater  than  N,  Ra 
will  be  positive  and  have  a finite 
value.  Therefore  B may  be  equal 
to,  or  greater  than  N and  the  mini- 
mum possible  insertion  loss  in  db 
= 20  logic  N 

Pad  Design 

To  design  a pad  using  this  meth- 
od, determine  the  minimum  inser- 
tion loss  for  the  desired  value  of  N 


output  terminations. 

Suppose  N ~ A,  then  minimum 
insertion  loss  in  db  = 20  logic  4 = 
20  (.602)  or  12  db 

The  pad  may  now  be  designed  for 
any  value  of  insertion  loss  equal  to 
or  greater  than  12  db.  Suppose  a 
loss  of  20  db  is  desired  and  Z — 
600  ohms. 

Then,  B = lofeo-^  (^-)  = 10 
g 

Ri  = — jj—  (600)  or  490.9  ohms 

600* -490.9*  , 

6(490.9)  - 3(600)  ~ 

For  the  special  case  where  mini- 
mum loss  is  desired  B = N or  A 

3 

and  Ri  = — ^ (600)  or  360  ohms 

„ 600* -360*  . „ 

5 (360)  - 3 (600) 

Thus  it  is  evident  that  for  the 


minimum  loss  condition,  when  B = 
N,  resistor  Ra  can  be  eliminated. 

Another  special  case  occurs  when 
N = 1.  If  J5  is  also  1 then  i?i  = 0 
and  Ra  = infinity,  and  a direct  con- 
nection is  indicated  without  a net- 
work. 

For  any  other  value  of  B greater 
than  1,  Ri  can  be  determined  as  be- 
fore by  means  of  Eq.  2. 

Equation  1 reduces  to 


It  is  believed  that  this  method 
involves  less  computation  for  T pads 
having  equal  input  and  output  im- 
pedances. 

To  convert  to  balanced  attenua- 
tors simply  use  ^ on  each  side  of 

the  terminations  instead  of  R^  on 
one  side. 


Wien-Bridge  Network  Modifications 


To  DETERMINE  the  influence  of  the 
stray  capacitance  in  shunt  with  the 
series  resistor  in  a Wien-bridge  net- 
work such  as  used  in  a-c  bridges, 
resistance-capacitance  oscillators 
and  selective  amplifiers',  an  attempt 
was  made  to  find  an  expression  for 
the  frequency  and  the  ratio  of  the 
impedances  with  an  extra  capaci- 
tance Ca  placed  in  the  circuit.  Eight 
modifications  of  the  Wien  network 
were  derived.  Three  of  them  show- 
ing interesting  properties  appear 
in  Fig.  1. 

From  Fig.  2 the  influence  of  the 
capacitance  Cs  on  the  frequency  can 
be  determined  when  Ci  equals  C*  = 
C.  However  Ca  also  has  some  in- 
fluence on  the  impedance  ratio. 
When  in  an  R-C  oscillator  tuning 
is  done  by  means  of  a variable  ca- 
pacitor, the  stray  capacitance  Ca 
may  have  a harmful  effect  when  the 
variable  capacitor  has  its  minimum 
value.  Both  frequency  and  impe- 
dance ratio  will  be  affected  if  the 
value  of  Ca  forms  an  appreciable 


By  R.  ZUIDHOF 

part  of  the  value  of  the  variable 
capacitor  in  its  minimum  position. 

In  a resistor-switching  oscillator 
with  three  or  more  ranges^’  ®,  the 
stray  capacitance  will  probably  not 
be  the  same  on  all  ranges.  There- 
fore at  the  high-frequency  end  the 
scales  will  not  properly  coincide. 


FIG.  1 — Three  modiiications  of  the 
Wien-bridge  network 


The  effect  of  Ca  on  the  impedance 
ratio  manifests  itself  in  the  output 
voltage,  which  will  not  remain  con- 
stant. By  means  of  a second  ca- 
pacitance Ca  in  shunt  with  Ci  how- 
ever, this  ratio  can  be  made  con- 
stant. When  Cl  is  made  C -f-  Ca, 
Ca  = C and  Ri  equals  Ra  = R,  the 
impedance  ratio  becomes 
Zi  _ (C  -H  Cs)  R + CR  + CsR 
Za  (C  + Cs)R 

= 2 = constant 

The  formula  for  the  frequency 
now  becomes 
_ 1 
^ ^ 2irR  C^-C^ 

As  can  be  seen,  C*  has  an  opposite 
effect  on  the  frequency  from  C and 
this  property  can  be  used  to  extend 
the  frequency  range. 

When  on  all  ranges  trimmers  Ca 
are  placed  over  Rt  and  Ci,  the  oscil- 
lator can  be  completely  trimmed,  so 
that  the  scales  properly  coincide  and 
even  the  phase  shift  in  the  amplifier 
on  the  higher  frequencies  can  be 
compensated. 
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The  output  voltage  can  also  be 
made  constant  over  the  whole  range 
by  means  of  the  trimmers.  Of 
course  the  resistors  of  all  ranges 
must  have  the  proper  ratio  and  also 
the  ganging  of  the  variable  capa- 
citor has  to  be  correct. 

Fig.  3A  presents  the  most  general 
form  of  the  first  modification.  It 
can  be  shown  that  for  a constant 
impedance  ratio  x must  be  equal  to 
2/2  and  when  this  condition  has  been 
fulfilled,  Zi/Zi  will  have  the  con- 
stant value  2/  + 1/2. 

When  a Wien-bridge  network  is 
designed  for  optimum  frequency 
stability*,  this  property  will  be  use- 
ful. 

Trimming  can  also  be  done  ac- 
cording to  the  modification  shown 
in  Fig.  IB.  If  Ri  and  JJ*  are  both 
made  equal  to  R,  €i  = C and  C,  = 
C + 2C3  the  impedance  ratio  Zi/Z, 
= 2 and 


~ 2 IT  RC 

which  is  the  formula  of  the  original 
Wien  bridge.  The  factor  2Cs  may 
consist  of  the  amplifier-input  ca- 
pacitance only  and  the  trimmer  Cs 
must  then  be  half  of  this  capaci- 
tance. 

Figure  1C  shows  an  interesting 
property.  The  values  of  the  compo- 


nents can  be  chosen  such  that  tun- 
ing can  be  accomplished  by  vari- 
ation of  one  circuit  element  only. 
When  Cl  and  C*  are  both  made  C, 
Ri  = R — Rs  and  Rt  = R;  the  im- 
pedance ratio  becomes 

Zi  C(R-  Rs)  + CR  + CRs  _ Cl 

Z,  CR 

thus  Z,/Z,  is  a constant,  and 
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FIG.  2 — Influence  of  coq;>acitance  on 
frequency 


” C*  (12*  - 2RRs  - R^) 

From  Fig.  3B  it  can  be  seen  how 
this  is  brought  into  effect.  However 
in  practice  the  output  does  not  re- 
main constant  and  a good  sine  wave 
can  only  be  obtained  over  a small 
range. 


FIG.  3 — Trimmers  proride  frequency 
and  output-Toltage  control 


For  the  influence  of  Rs  on  the 
frequency  variation  a similar  curve 
as  in  Fig.  2 can  be  drawn.  It  can  be 
seen  from  this  curve  and  calcula- 
tions, that  a very  slight  variation  of 
Rs  above  a certain  value  gives  a 
large  frequency  variation,  there- 
fore the  selectivity  deteriorates 
rapidly.  With  a differential  variable 
capacitor  a similar  solution  can  be 
obtained  for  Fig.  IB. 
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Lattice-Type  Crystal  Filter 

Crystal  filters  of  the  type  described  can  easily  be  made  for  any  frequency  at  which  good 
crystals  are  obtainable.  The  attainable  bandwidth  is  proportional  to  the  center  fre- 
quency, but  can  be  made  wider  by  coils  or  narrower  by  capacitors.  Requirements  for 
crystals,  capacitors  and  terminating  devices  are  not  stringent 
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The  selection  of  an  intermediate 
frequency  for  a low-frequency, 
wide-range  superheterodyne  re- 
ceiver presents  many  vexing  prob- 
lems. If  a frequency  below  the  low- 


The  work  described  was  performed  at 
Melpar,  Inc.,  Alexandria,  Va.,  for  Air 
Materiel  Command  under  contract  AF33- 
(038)-3581. 


est  input  frequency  is  chosen,  im- 
age rejection  becomes  difficult  at 
the  higher  input  frequencies.  If 
an  intermediate  frequency  above 
the  highest  input  frequency  is 
chosen,  good  skirt  selectivity  is 
difficult  to  obtain,  and  oscillator  in- 
stability is  aggravated. 

A recent  design  of  a receiver  to 


cover  the  100  kc  to  1.75-mc  range  in 
the  smallest  practical  volume  met 
this  dilemma,  not  by  the  use  of  two 
different  low  intermediate  fre- 
quencies, one  for  the  low  band  and 
one  for  all  other  bands,  as  is  now 
standard  practice,  but  by  the  use  of 
an  intermediate  frequency  higher 
than  the  highest  input  frequency. 


FILTERS 


261 


Oscillator  instability,  it  was  be- 
lieved, could  be  cured  by  taking 
adequate  pains,  but  the  high  inter- 
mediate frequency  chosen  to  elimi- 
nate bulky  i-f  transformers  re- 
quired special  attention  to  the  skirt 
selectivity  problem.  The  potential 
simplicity  of  the  lattice-type  crystal 
filter  led  to  its  trial  in  this  appli- 
cation, despite  warnings  in  the 
literature  on  the  subject  that  con- 
struction of  such  units  for  fre- 
quencies as  high  as  0.5  megacycle 
was  fraught  with  difficulties.  The 
success  obtained,  once  a good  source 
of  crystals  was  discovered,  has  been 
most  encouraging. 

The  filter  described  below  is  a 
band-pass  filter  centered  at  2 me 
with  a pass  band  of  approximately 
4,000  cycles.  This  is  effectively  a 
highly  selective  voice  filter,  but  the 
bandwidth  may  be  altered  for  other 
applications.  The  design  of  such  a 
filter  is  fairly  simple,  but  several 
practical  details  must  be  given  at- 
tention to  assure  a good  response. 

Design  Theory 

A lattice  circuit  is  used  to  obtain 
a symmetrical  curve  and  maximum 
selectivity.  A schematic  of  the  cir- 
cuit is  shown  in  Fig.  1.  The  fre- 
quency of  the  series-arm  crystals  is 
2,000.0  kc  while  that  of  the  shunt 
arm  crystals  is  1,997.5  kc.  The  pass 
band  extends  from  1,997.5  kc  to 
2,001.5  kc.  Although  the  difference 
between  the  series  resonant  fre- 
quencies of  the  two  crystals  is  2,500 
cycles,  a bandwidth  of  twice  this, 
or  5,000  cycles,  may  theoretically  be 
attained  when  they  are  used  in  a 
lattice  circuit.  The  practical  band- 


width is  about  80  percent  of  the 
theoretical  maximum. 

Figure  2 shows  the  reactance 
curves  of  two  crystals  whose  series 
resonant  frequencies  are  2,500 
cycles  apart.  When  these  crystals 
are  in  the  arms  of  a lattice,  balance 
is  obtained  at  the  points  where  the 
reactances  are  equal  in  magnitude 
and  of  the  same  sign.  This  occurs 
at  points  A-A.  Zero  attenuation  or 
complete  lack  of  balance  occurs 
when  one  crystal  is  capacitive  and 
the  other  inductive,  such  as  in  the 
region  B to  C.  From  the  reactance 
curves,  a plot  of  the  attenuation 
versus  frequency  can  be  drawn  as 
shown  by  the  dashed  lines  when  the 
crystals  are  in  a lattice  circuit.  For 
a uniform  attenuation  in  the  pass- 
band  region,  the  parallel-resonant 
frequency  of  the  lower-frequency 
crystal  must  be  the  same  as  the 
series-resonant  frequency  of  the 
higher-frequency  crystal.  The  par- 
allel-resonant frequency  may  be 
lowered  by  placing  a small  trimmer 
capacitor  in  parallel  with  the 
crystal.  Trimmer  capacitors  also 
allow  the  shape  of  the  attenuation 
curve  to  be  varied  outside  the  pass 
band.  High-rejection  peaks  are 
possible;  or  a gradually  widening 
curve  may  be  obtained  if  the  great- 
est attenuation  is  desired  at  fre- 
quencies far  from  resonance. 

For  any  one  crystal,  the  separa- 
tion of  the  series  and  parallel- 
resonant  frequencies  is  a function 
of  the  series  and  shunt  capacitance^ 
of  the  crystal.  Since  the  series 
capacitance  is  fixed  by  the  series- 
-resonant  frequency,  it  is  customary 
to  specify  the  shunt  capacitance. 


FIG.  2 — Reactance  curyes  (solid  lines) 
for  crystals  in  the  lattice  network  and 
the  attenuation  curve  shown  by  a 
dashed  line 


The  bandwidth  is  given  by  the 
formula  BW  = /rC/C.,  where  c is 
the  series  capacitance,  C,  is  the 
shunt  capacitance,  and  /,  is  the 
series-resonant  frequency.  This 
formula  is  developed  from  the 
equivalent  circuit  of  Fig.  3.  The 
parallel  resonant  frequency  is 


f^=fr  + Af=  \/%c 
where  O'-  = cCofie  -F 
andL  = l/(2v/r)2c 
From  Eq.  1 and  Eq.  2 
1/C"  = (/r  + A/)V(/r)*C 


C/r  + A/)» 
(/r)* 


c 

Co 


+ 1 


(1) 

(2) 


(3) 
)*  (4) 


From  Eq.  4,  c/Co  = 2Af/fr  (5) 

or  Af  = frc/2Co  (6) 

The  bandwidth  is  twice  Af 
BW  = frc/Co  (7) 

Equation  7 gives  the  theoretical 
maximum  bandwidth.  The  ratio  of 
Co/c  is  about  138  for  a —18.5-degree 
X-cut  crystal,  and  about  250  for  an 
AT  cut.  A wider  bandwidth  may 
be  obtained  with  a smaller  ratio. 
However,  a crystal  cut  for  a low 
ratio  may  not  satisfy  the  require- 
ments of  temperature  'stability, 
spurious  response  or  Q. 


Practical  Design 

The  crystals  used  were  accurate 
to  within  ±20  cycles  and  were  free 
of  spurious  resonances  within  50 
kilocycles  of  resonance.  The  use  of 
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split-plating  crystals  was  not 
deemed  advisable  at  2,000  kc  be- 
cause of  possible  spurious  re- 
sponses. For  sharp  selectivity,  the 
Q of  the  crystals  should  be  as  high 
as  possible.  The  crystals  used  had 
a Q of  130,000.  For  a conservative 
design,  resonant  frequencies  of  the 
crystals  should  not  be  separated  by 
much  more  than  40  percent  of  the 
value  given  in  Eq.  7.  The  attain- 
able bandwidth  is  about  1.6  times 
the  separation  between  the  resonant 
frequencies  of  the  crystals.  For 
example,  if  a bandwidth  of  1,500 
cycles  at  1,000  kc  were  desired, 
then  two  crystals  might  be  ordered 
at  999  kc  and  two  at  1,000  kc  for 
each  lattice.  The  pass  band  will 
then  extend  from  999  kc  to  about 
1,001  kc  if  no  external  capacitance 


FIG.  3 — ^Equivalent  circuit  of  the  crystal 
as  evaluated  in  the  equations 


fig.  4 — Test  equipment  used  to  odjust 
the  filter.  The  potentiometer  and  signal 
generator  are  driven  simultaneously  by 
hand 


is  added.  From  Eq.  7,  the  C„/c 
ratio  necessary  for  a bandwidth  of 
1,500  cycles  is  667,  Since  c is  fixed, 
if  the  crystal  C./c  is  250,  additional 
capacitance  will  have  to  be  added 
in  parallel  with  the  crystal  in  order 
to  reduce  the  bandwidth.  (A  wider 
bandwidth  can  be  obtained  by  using 
a coil  with  each  crystal,  as  shown 
by  Mason^) . This  capacitance  is  also 
necessary  to  adjust  the  shape  of  the 
curve  at  the  larger  values  of  attenu- 
ation. If  the  bandwidth  cannot  be 
reduced  enough  without  harming 


the  selectivity,  crystals  with  nar- 
rower frequency  separation  should 
be  used.  The  frequency,  tempera- 
ture, and  spurious  response  require- 
ments determine  the  cut  of  the 
crystal.  The  cut  determines  the 
Co/c  ratio,  which  fixes  the  attain- 
able bandwidth. 

The  capacitors  used  across  the 
crystals  must  have  a very  high  Q 
for  sharp  selectivity.  Ceramic  or 
mica  capacitors  are  satisfactory, 
but  some  of  the  less  expensive  vari- 
able ceramics  are  not.  After  the 
shape  of  the  attenuation  curve 
has  been  adjusted  with  trimmer 
capacitors,  the  capacitors  can  be 
measured  and  replaced  with  fixed 
capacitors.  The  values  are  not 
critical. 

Test  Setup 

If  an  oscilloscope  is  used  in  a 
test  setup  as  shown  in  Fig.  4,  the 
process  of  trimming  the  crystals 
and  then  installing  fixed  capacitors 
can  be  accomplished  for  a filter  in  a 
half  hour.  The  frequency  control 
on  the  signal  generator  of  the  test 
setup  is  geared  to  a 10-turn  poten- 
tiometer that  supplies  a voltage 
proportional  to  signal-generator 
frequency  for  horizontal  deflection. 
The  avc  voltage  is  used  for  vertical 
defiection.  A P7  screen  in  the  oscil- 
loscope permits  observation  of  the 
trace  left  by  the  slowly  moving  spot 
and  permits  hand  cranking  of  the 
signal-generator  tuner. 

A fairly  wide  range  of  adjust- 
ment of  the  attenuation  curve  may 
be  obtained  with  only  two  trimmer 
capacitors  across  adjacent  bridge 
arms.  This  simplifies  the  adjust- 
ments and  makes  a more  compact 
filter.  Occasionally  a filter  will  have 
a good  curve  with  no  capacitors  at 
all  across  the  crystals.  In  this  case 
the  bandwidth  approaches  the  theo- 
retical maximum.  The  wiring 
capacitance  should,  in  any  case,  be 
kept  as  small  as  possible,  although 
its  effect  on  attenuation  can  be 
balanced  out. 

The  photograph  shows  a lattice 
filter  with  a fixed  capacitor  across 
each  crystal.  These  crystals  make 
neat,  small  packages.  A fixed  and  a 
variable  capacitor  are  shown  to  the 


left  of  the  filter  box.  On  the  right, 
two  views  of  a sealed  crystal  unit 
are  shown. 

The  correct  value  of  terminating 
impedance  has  been  determined  by 
trial  to  be  about  8,000  ohms,  which 
may  be  obtained  by  using  series  re- 
sistors or  a tuned  circuit.  Either 
the  input  or  output  of  the  filter 
must  be  free  from  ground.  The 
best  results  using  two  filters  occur 


FIG.  5 — Selectivity  curve  lot  a typical 
crystal  filter 


when  the  input  and  output  termi- 
nals are  both  isolated  from  ground 
by  double-tuned  transformers  as 
shown  in  the  circuit  of  Fig.  1.  The 
transformers  also  serve  to  keep  in- 
sertion losses  low.  The  resonant 
impedance  of  these  transformers 
was  designed  to  be  approximately 
8,000  ohms. 

It  has  been  found  that  any  capac- 
itive unbalance  to  ground  of  the  un- 
grounded terminals  causes  a poor 
response  curve.  It  is  important 
that  the  capacitances  both  between 
windings  and  to  ground  be  small 
for  these  transformers.  Shielding 
of  the  filter  is  important  where 
large  attenuation  is  desired.  Much 
less  trouble  was  experienced  in  ob- 
taining a good  response  curve  when 
transformers  were  used  instead  of 
resistors.  However,  the  transform- 
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ers  must  be  tuned  to  the  center  of 
the  pass  band. 

If  two  filters  are  used  in  series,  a 
transformer  between  the  two  gives 
a flat  pass  band  that  is  somewhat 
narrower  than  when  the  filters  are 
coupled  directly  together.  Direct 
coupling  gives  pass-band  irregular- 
ity of  2 to  3 db,  which  may  be  parti- 
ally smoothed  out  by  an  H-pad  if 
use  of  a transformer  is  not  desir- 
able. An  occasional  sharp  peak  in 
the  pass  band  is  probably  due  to  the 
crystal  pairs  not  being  of  exactly 
the  same  frequency.  The  crystals 
should  be  held  to  a frequency  toler- 
ance of  at  least  0.001  percent. 

A typical  frequency  response  of 
the  two-section  filter  is  shown  in 
Fig.  5.  The  bandwidth  is  3,900 


cycles  in  the  pass  band  and  is  12,000 
cycles  at  60-db  attenuation.  A 
maximum  attenuation  of  80  db  was 
measured  before  the  curve  began  to 
widen  rapidly.  The  voltage  inser- 
tion loss,  including  that  of  the 
transformers,  was  not  greater  than 
10  db  for  a two-section  filter. 

The  main  effect  that  a 115-de- 
gree C heat  test  had  on  the  curve 
was  an  overall  narrowing  of  about 
400  cycles.  Zero  temperature  co- 
efficient capacitors  were  used  in  the 
filter. 

This  filter  was  designed  to  give 
good  adjacent-channel  selectivity  in 
a receiver  using  an  intermediate 
frequency  of  2,000  kc.  Other  appli- 
cations for  such  a filter  are  numer- 
ous. The  frequency  need  not  be 


limited  to  2,000  kc  but  could  be 
made  considerably  higher  or  lower 
if  desired. 

J.  R.  Schulman  was  in  charge  of 
the  design  of  the  receiver  using  this 
filter,  T.  F.  Burke  did  preliminary 
filter  design  and  consulting,  and 
W.  G.  Tuller  suggested  the  crystal- 
filter  approach.  The  Reeves-Hoff- 
man  Co.  cooperated  in  designing  the 
required  crystals  to  make  them  free 
of  spurious  responses. 
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Measuring  Phase  at  Audio  and  Ultrasonic 

Frequencies 

Phase  difference  between  two  periodic  signals  is  compared  in  a flip-flop  circuit.  The  average 
current  is  read  directly  in  degrees  of  phase  on  a calibrated  meter.  Possible  applications 
include  measurement  of  phase  shift  in  feedback  amplifiers,  from  screen-grid  degeneration 
in  a pentode  stage,  and  in  simulated  antenna  arrays 

By  ERNEST  R.  KRETZMER 

PERIODIC  SIGNALS  are  character-  between  two  periodic  signals.  an  electronic  switch  to  produce  a 

ized  by  the  parameters  of  A variety  of  methods  has  been  superposition  of  the  two  signals  on 

amplitude,  frequency  and  phase  used  to  measure  phase  difference,  the  screen,  so  that  the  phase  differ- 

relative  to  some  time  reference.  The  most  familiar  of  these  is  the  ence  can  be  scaled  off  directly. 

Measurement  of  amplitude  and  display  of  Lissajous  figures  on  the  Other  cro  methods,  not  so  widely 
frequency,  at  audio  and  ultrasonic  screen  of  a cathode-ray  oscilloscope,  known  but  capable  of  greater  ac- 
frequencies,  can  be  carried  out  These  patterns,  obtained  by  apply-  curacy,  make  use  of  a circular 
rather  easily,  but  accurate  measure-  ing  one  signal  to  the  horizontal  de-  sweep  derived  from  one  of  the  two 
ment  of  phase  has  proved  much  flection  plates,  the  other  to  the  signals.  One  such  scheme,  devised 
more  difficult  and  has  consequently  vertical  deflection  plates  of  the  cro,  by  K.  S.  LionS  is  illustrated.  The 
been  neglected  in  many  applications  indicate  the  phase  difference  be-  circular  sweep,  ordinarily  of  very 
where  it  could  provide  useful  in-  tween  the  two  signals ; for  example,  small  diameter,  is  expanded  momen- 
formation.  In  contrast  to  amplitude  a straight  line  indicates  0 or  180  tarily  by  each  of  the  two  signals 
and  frequency,  phase  is  a relative  degrees,  while  a circle  indicates  90  being  compared ; the  geometrical 
concept — that  is,  one  is  generally  deg.  Another  method,  also  using  a angle  between  the  two  spikes  thus 
interested  in  the  phase  difference  cro  as  an  indicating  device,  employs  produced  is  the  unknown  phase 


FIG.  1 — ^Direct-reading  methods  of  phase  measurement  FIG.  2 — ^Block  diagram  of  direct-reading  flip-flop  meter 


264 


MEASUREMENTS 


265 


angle.  More  than  two  signals  can 
have  their  relative  phases  displayed 
simultaneously. 

Schemes  not  requiring  a cathode- 
ray  oscilloscope  fall  into  two  classi- 
fications: null  methods,  requiring  a 
balancing  operation,  and  direct- 
reading  methods  that  produce  a 
direct  phase-angle  indication  on  a 
meter.  As  an  example  of  the  former, 
amplitude  and  phase  of  one  of  the 
two  signals  can  be  changed  until  it 
completely  cancels  the  other.  The 
required  phase  shift  is  then  read 
from  a calibrated  dial.  The  use  of 
ordinary  phase-shift  networks 
would  render  the  calibration  fre- 
quency-sensitive, but  by  adding  a 
quadrature  component  to  one  of  the 
signals  it  is  possible  to  obtain  the 
necessary  phase  shift  independently 
of  frequency,  over  a finite  fre- 
quency range.®  Apart  from  the 
inconvenience  of  the  balancing 
operation,  this  null  method  has  the 
disadvantage  of  requiring  sinus- 
oidal signals. 

Two  practical  methods  that  give 
direct  meter  indications  of  the 
phase  difference  between  two  sig- 
nals X and  Y are  illustrated  in  Fig. 
1.  The  signals  (which  need  not  have 
sinusoidal  waveforms  or  equal 
magnitudes)  are  converted  to 
square  waves  whose  edges  coincide 
with  the  zero-axis  crossings  of  the 
original  signals.  In  Fig.  lA,  these 
two  square  waves  are  fed  to  a gate 
tube  that  produces  a current  pro- 


portional to  the  fractional  overlap 
of  the  positive  portions  of  the 
square  waves.  Similarly,  the  over- 
lap between  the  positive  portions  of 
square  wave  x and  the  negative  por- 
tions of  square  wave  y,  or  vice 
versa,  can  be  measured  by  means  of 
a diode  and  a d-c  meter.  In  any 
case,  the  meter  reading  is  propor- 
tional to  the  magnitude  of  the  phase 
difference,  or  its  supplement,  and 
is  ambiguous  to  the  extent  that  one 
cannot  distinguish  between  the 
angles  6 and  360  — 0. 

The  ambiguity  of  the  overlap 
method  is  avoided  in  the  case  of  the 
flip-flop  method,  illustrated  in  Fig. 
IB.  Here,  the  two  square  waves 
X and  Y are  used  to  form  pulse 
trains  X and  Y,  respectively.  Each 
X pulse  triggers  a flip-flop  circuit 
into  the  flip  position,  for  a time 
interval  Ti  until  the  next  Y pulse 
arrives  and  triggers  the  circuit  into 
the  flop  position,  for  a period  Ti, 
and  so  on.  It  is  clear  that  the  angle 
by  which  signal  X leads  signal  Y is 
directly  proportional  to  the  fraction 
T-l/(Ti  To),  and  hence  to  the 
average  current  through  the  X side 
of  the  trigger  circuit.  Conversely, 
the  angle  by  which  Y leads  X cor- 
responds to  the  fraction  T*/  ( Ti  4- 
Ti)  and  hence  to  the  average  cur- 
rent through  the  Y side  of  the  trig- 
ger circuit.  The  remainder  of  this 
paper  will  be  devoted  to  this  flip- 
flop  method.  It  was  patented  in 
1945®,  and  other  workers  have  since 


Oscillograms  showing  a method  oi  phase  measurement  employing  a circular  sweep 


experimented  with  this  as  well  as 
with  the  overlap  method.*  ® 

The  Flip-Flop  Method 

Figure  2 shows  a block  diagram 
of  an  instrument  employing  the  flip- 
flop  method  for  measuring  the 
phase  difference  between  two  peri- 
odic voltages.  Two  identical  chan- 
nels, X and  Y,  handle  the  two  sig- 
nals, X and  Y,  respectively.  The 
principal  operation  performed  in 
each  channel  is  the  limiting-ampli- 
fying process  by  which  the  signals 
are  converted  into  square  waves. 
The  first  three  stages  serve  this  pur- 
pose. The  second  stage  is,  in  addi- 
tion, a phase  inverter  that  makes  it 
possible  to  reverse  the  signal  polar- 
ity. If  the  signal  has  evenly  spaced 
zero-axis  crossings,  such  a reversal 
represents  a phase  shift  of  180  de- 
grees. The  square  wave  in  each 
channel  is  fed  to  a pulse  former, 
which,  in  effect,  differentiates  the 
positive-going  edges.  The  resulting 
pips  are  fed  to  a flip-flop  circuit.  A 
d-c  meter  measures  the  average 
current  through  either  side  of  the 
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FIG.  4 — Simplified  circuit  diagram  of  the  direct-reading  phase  meter 


circuit,  allowing  the  meter  to  read 
either  the  angle  6 or  the  angle  360 
— 6.  This  switching  arrangement, 
together  with  the  phase-reversing 
switches,  permits  any  angle  to  be 
transposed  into  the  first  quadrant 
(0  to  90  deg),  so  that  the  meter 
scale  can  be  expanded  by  a factor  of 
four  if  increased  meter  sensitivity 
is  desired. 

Although  the  block  diagram  of 
Fig.  2 appears  straightforward, 
severe  problems  are  encountered  in 
the  design  of  an  instrument  com- 
bining simplicity  with  accurate 
readings  that  are  independent  of 
input  amplitude  and  frequency  over 
wide  ranges. 

Square-Wave  Generation 

The  most  difficult  operation  is  the 
formation  of  square  waves  from  the 
original  signals,  since  the  square- 
wave  edges  must  coincide  exactly 
with  the  zero-axis  crossings,  re- 
gardless of  signal  amplitude  and 
frequency.  Most  instruments  con- 
structed in  the  past  have  made 


use  of  cascaded  pentode-diode  com- 
binations. Such  extensive  amplifier- 
limiter  stages  are  neither  simple, 
nor  do  they  answer  the  require- 
ments of  wide  frequency  band 
.and  large  amplitude  range  as  well 
as  might  be  expected.  A circuit 
that  appears  better  suited  for  the 
present  application  is  the  cathode- 


coupled  clipper,®  the  basic  form 
of  which  is  shown  in  Fig.  3A. 
The  grid  of  the  right-hand  triode  is 
returned  to  a fixed  positive  voltage, 
Vi.  The  signal  is  applied  to  the 
grid  of  the  left-hand  triode  that  is 
also  returned  through  a high  re- 
sistance to  a fixed  positive  voltage, 
Vi.  For  small  input  signals,  the 
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circuit  acts  as  a linear  amplifier. 
However,  if  the  instantaneous  sig- 
nal voltage  goes  below  a certain 
value  (a  few  volts  below  Vi),  the 
left-hand  triode  cuts  off,  and  above 
a certain  value  (a  few  volts  above 
7i),  the  right-hand  triode  cuts  off. 
Thus,  both  the  positive  and  nega- 
tive limiting  results  from  one  or  the 
other  tube’s  being  cut  off,  and  very 
good  limiting  symmetry  can  there- 
fore be  attained.  Like  a cathode 
follower,  the  cathode-coupled  circuit 
has  high  input  impedance  and  can 
handle  a large  range  of  input  volt- 
ages without  drawing  grid  current. 
It  has  other  useful  advantages,  il- 
lustrated in  Fig.  3B.  First,  by  insert- 
ing the  resistor  in  the  plate  line 
of  the  input  triode,  one  obtains  a 
phase  inverter,  the  usefulness  of 
which  was  pointed  out  in  the  dis- 
cussion of  the  block  diagram  (Fig. 
2) . The  limiting  action  at  the  plate 
of  the  input  triode  is  not  exactly 
the  same  as  at  the  plate  of  the  out- 
put triode,  but  by  means  of  a type 
IN34  germanium  crystal  diode  it 
can  be  made  very  nearly  the  same. 
A second  useful  modification  is  ob- 
tained by  connecting  a capacitor 
Cl  as  shown.  This  addition  makes 
the  circuit  regenerative  without  de- 
stroying its  controllability  and  re- 
sults in  an  output  square  wave  with 
edges  of  short  rise  and  decay  times 
limited  only  by  stray  capacitance. 

Elementary  Circuit 

A simplified  circuit  diagram  of 
a complete  phase  meter  in  Fig.  4 
shows  close  correspondence  to  the 
block  diagram.  Three  cascaded 
limiter-amplifier  stages  are  cathode- 
coupled  types,  the  first  stage  being 
in  the  basic  form,  the  second  modi- 
fied to  provide  phase  reversal  if  de- 
sired, and  the  third  stage  being  re- 
generative so  as  to  insure  very 
steep  square-wave  edges.  The  fourth 
stage  in  each  channel  is  a triode 
followed  by  an  r-c  differentiator. 
The  triode  has  a high  load  resist- 
ance but  a low  plate  resistance,  so 
that  it  reacts  rapidly  only  to  the 
positive  going  square-wave  edges — 
producing  large  negative  pulses  of 


0.5-/xsec  duration  at  the  differentia- 
tor output. 

These  pulses  mark  the  positive- 
going zero-axis  crossings  of  the 
original  signal  (either  channel  X 
; or  channel  Y),  unless  the  phase-re- 
versing switch  is  in  the  180-deg 
position — in  which  case  the  pulses 
mark  the  negative  crossings.  The 
fiip-flop  circuit,  triggered  alter- 
nately by  pulses  from  channels  X 
and  Y,  is  an  Eccles- Jordan  type. 
The  average  current  through  either 
half  of  the  circuit  is  measured  in 
the  cathode-to-ground  lead ; al- 
though two  separate  meters  are 
shown  for  the  sake  of  simplicity 
there  is  actually  only  one  that  can 
be  switched  into  either  side.  A re- 
cording instrument  may  be  con- 
nected in  series  with  the  meter  if 
the  phase  angle  is  to  be  recorded 
continuously. 

The  complete  circuit  diagram  of  a 
commercial  phase  meter  is  shown  in 
Fig.  5.  The  meter-scale  switch  pro- 
vides four  different  full-scale 
ranges  in  addition  to  the  test  posi- 
tion in  which  the  full-scale  adjust- 
ment is  made.  An  electrical  zero 
adjustment  is  not  required,  since 
zero  phase  angle  means  no  conduc- 
tion through  the  triode  containing 
the  meter.  There  is  a small  region 
of  uncertainty  in  the  immediate 
vicinity  of  0 degree,  because  the  two 
pulses  coincide  and  confuse  the 
trigger  circuit.  Changing  the  posi- 
tion of  either  phase-reversing 
switch  remedies  this  condition. 

Practical  Performance 

The  performance  of  the  com- 
mercial instrument  is  substantially 
independent  of  signal  amplitude  and 
frequency  over  wide  ranges.  With 
amplitudes  between  1 and  170  peak 
volts  and  frequency  between  20  cps 
and  100  kc,  the  error  would  not  ex- 
ceed 3.5  degrees  if  the  meter  were 
perfectly  linear.  Since  the  meter  is 
accurate  only  within  1 percent  of 
full  scale,  the  total  maximum  error 
is  3.5  degrees  plus  1 percent  of  full 
scale.  The  instrument  functions 
even  with  input  amplitudes  down  to 
0.1  or  0.2  volt,  and  frequency  as 
low  as  3 to  5 cps.  Decreasing  the 


amplitudes  generally  reduces  the 
stability  rather  than  the  accuracy 
while  decreasing  the  frequency  does 
cause  a gradual  reduction  in  accu- 
racy. At  10  cps,  the  maxium  error 
is  6 degrees  plus  1 percent  of  full 
scale.  A similar  gradual  decrease  in 
accuracy  occurs  at  the  high-fre- 
quency end,  beginning  at  20  kc,  only 
if  the  two  phase-reversing  switches 
are  in  opposite  positions,  in  which 
case  the  maximum  error  reaches  6 
degrees  plus  1 percent  of  full  scale 
at  40  kc.  In  normal  operation,  the 
switches  are  in  identical  positions 
and  the  accuracy  does  not  change 
appreciably  with  increasing  fre- 
quency up  to  more  than  100  kc. 

Since  the  flip-flop  method  meas- 
ures the  phase  difference  as  the 
fractional  time  between  zero-axis 
crossings,  the  measurement  has  a 
definite  meaning,  regaraiess  of  the 
signal  waveform.  Exceptions  may 
occur  in  extreme  cases  of  distortion 
in  which  the  signal  crosses  the  zero 
axis  more^  than  twice  during  one 
period,  but  such  cases  are  rare  and 
unimportant. 

Asymmetrical  Signals 

The  zero  axis,  as  a result  of  a-c 
coupling  in  the  limiter-amplifier 
stages,  is  the  average  of  the  a-c 
component  of  the  signal.  Conse- 
quently, if  a sinusoidal  signal  has 
either  its  positive  peaks  or  its  nega- 
tive peaks  limited,  the  resulting 
signal  is  not  only  asymmetrical 
but  its  zero-axis  crossings  are  no 
longer  evenly  spaced  because  the 
zero  axis  has  been  shifted.  In  such 
a case,  changing  the  position  of 
either  phase-reversing  switch  will 
not  alter  the  reading  by  180  de- 
grees, inasmuch  as  opposite  zero- 
axis  crossings  are  not  180  degrees 
apart.  The  phase  meter  affords  a 
means  of  detecting  such  asymmetry 
with  greater  sensitivity  than  a 
cathode-ray  oscilloscope.  For  ex- 
ample, it  is  a simple  matter  to  as- 
certain that  the  positive  and  nega- 
tive half-periods  of  the  square 
waves  produced  by  some  commercial 
square-wave  generators  are  gener- 
ally unequal.  The  phase  meter  can 
readily  be  used  to  determine  the 
duty  factor  of  a train  of  pulses  as 
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well  as  the  time  delay  between  two 
pulse  trains,  provided  that  the 
repetition  rate  is  not  too  high  and 
the  pulses  are  not  too  short. 

R-F  Phase  Measurements 

All  methods  of  audio-frequency 
phase  measurement  can  be  used  to 
measure  the  phase  difference  be- 
tween radio-frequency  signals,  as  in 
the  testing  of  broadcast  antennas, 
by  taking  advantage  of  the  hetero- 
dyne principle.  If  both  signals  are 
heterodyned  into  the  audio  fre- 
quency band  by  means  of  a common 
heat  oscillator,  their  phase  differ- 
ence will  be  preserved.  The  required 
converter  stage  could  be  added  to 
each  of  the  two  channels  with  rela- 
tively little  complication.  A pre- 
ferable solution  may  be  to  precede 
the  phase  meter  with  a separate 
unit  containing  heterodyne  stages 
and  amplifiers.  Both  audio  and  r-f 
phase  measurements  can  then  be 
made  at  low  (millivolt)  input  levels. 

Applying  the  Phase  Meter 

A typical  problem  in  which  the 
direct-reading  phase  meter  finds  a 
useful  application  is  that  of  phase 
shift  in  feedback  amplifiers.  Figure 
6 shows  plots  of  phase  shift  versus 
frequency  (from  10  cps  to  100  kc) 
obtained  in  approximately  ten 
minutes  by  means  of  the  phase 
meter  described.  The  three  curves 
are  for  various  degrees  of  feedback. 


ranging  from  zero  to  critical  feed- 
back. The*  amplifier  tested  contains 
two  triode  stages  and  a trans- 
former, resonance  in  the  trans- 
former being  responsible  for  the 
peculiar  phase  variation  at  30  kc 

Another  example  is  the  measure- 
ment of  phase  shift  resulting  from 
screen-grid  degeneration  in  a single 
pentode  stage.  Accurate  computa- 
tion of  this  phase  shift,  even  with  a 
good  knowledge  of  the  tube  charac- 
teristics, is  not  a simple  matter,  al- 
though the  phase  meter  aifords  an 
easy  way  of  measuring  it.  The 
phase  shift  plotted  versus  fre- 
quency, for  various  degrees  of 
screen-grid  bypassing,  is  shown  in 
Fig.  7.  Both  the  magnitude  and 
phase  angle  of  the  gain  can  also  be 
plotted  on  polar  coordinates. 

A most  interesting  and  important 
application  of  the  direct-reading 
phase  meter  occurs  in  acoustics. 
Arrays  of  phased  loudspeakers, 
used  to  simulate  directive  antenna 
arrays,  contain  hundreds  of  small 
speakers  whose  phase  characteris- 
tic must  be  within  certain  toler- 
ances over  a wide  band  of  audio 
frequencies.  The  test  setup  for 
these  loudspeakers  is  shown  in  Fig. 
8,  together  with  a plot  of  phase  shift 
versus  frequency.  It  contains  the 
speaker,  an  anechoic  chamber,  a dy- 
namic microphone,  and  two  trans- 
formers whose  resonances  are 
evident  in  the  plot.  A linearly 


increasing  component  of  phase  shift 
results  from  the  chamber  whose 
length,  expressed  in  wavelengths, 
is  directly  proportional  to  fre- 
quency. Practice  has  shown  that, 
by  cro  methods,  only  3 to  5 speakers 
can  be  tested  in  one  day,  while  up 
to  60  can  be  tested  per  day  by  means 
of  a direct-reading  phase  meter. 


FIG.  8 — Phase  shift  Tersus  frequency  for 
an  electroacousticol  system  used  in  test- 
ing loudspeakers 


Some  applications  require  the  test- 
ing of  hundreds  of  speakers,  so 
that,  several  months’  work  is  re- 
duced to  a week’s  work. 
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Measuring  Vector  Relationships 

Imaginary  and  real  components  of  an  unknown  voltage  in  terms  of  a reference  voltage 
are  indicated  directly  over  a frequency  range  of  8 cycles  to  500  me.  Other  applications 
include  study  of  phase  delay  in  amplifiers,  wave  filters  and  attenuators 


VECTOR  RELATIONS  of  alternating 
voltages  over  a wide  frequency 
range,  from  8 cycles  to  500  mega- 
cycles, can  be  measured  by  means 
of  the  instrument  to  be  described. 
In  most  applications,  the  operating 
principle  is  based  essentially  on  the 
vector  theory  of  addition  and  sub- 
traction. The  operating  principles 
underlying  two  frequent  applica- 
tions, measurement  of  the  phase 
angle  between  two  given  voltages 
and  measurement  of  complex  com- 
ponents of  an  unknown  voltage,  will 
be  discussed. 

Phase~Angle  Measurement 

Figure  1 shows  a block  diagram 
of  the  instrument  as  it  is  used  for 
the  measurement  of  the  phase  angle 
between  two  given  voltages,  Ei  and 
Ei.  Variable  attenuators  Rt  and  Ra 
are  used  for  adjusting  the  ampli- 
tudes of  El  and  Et.  Phase  inverters 
Pi  and  Pa  are  capable  of  producing 
a constant  phase  shift  of  180  de- 
grees over  the  entire  range  of  oper- 
ating frequency. 

When  terminals  4 and  8 are  con- 
nected to  terminals  1 and  6 respec- 
tively, output  meter  V will  read  the 
vector  difference  of  Ei  and  Ea'.  If 
the  absolute  amplitudes  of  Ei  and 
E/  are  made  equal  by  adjusting  Ri 
and  Ra,  the  reading  E,  on  the  out- 
put meter  may  be  expressed  as 

V ^ IP  f TP  f 
Uto  * iSr}  Hii 

* (co8  0 + jsin  0 — 1)  (1) 

where  0 is  the  phase  angle  between 


By  Y.  P.  YU 

El  and  E,.  The  absolute  magnitude 
of  E,  may  be  written  as 

1^*1  = l^i'l  V(co8  0-l)»-hBm*O 

= 2|^i'|«n|-  (2) 

For  simplicity,  the  magnitude  of 
\Ei  \ is  made  equal  to  one  volt  dur- 


FIG.  1 — ^Block  diagram  of  the  Vector- 
lyser 


FIG.  2 — ^Vector  diagram  used  in  connec- 
tion with  measurement  of  complex  com- 
ponents of  on  unknown  Toltage 


ing  adjustment  of  attenuator  Pi, 
whereby  the  term  \Ei\  may  be 
omitted  in  Eq.  2,  and 

l^ol  = 2ain-|- 


The  output  meter  may  be  cali- 
brated to  indicate  directly  the  phase 
angle  in  degrees  between  any  two 
voltages.  For  instance,  a meter 
with  full-scale  sensitivity  of  two 
volts  will  read  60  degrees  at  its 
center  and  180  degrees  at  full  scale. 

The  distribution  of  readings  on 
a meter  face  is  an  important  factor 
in  the  design  of  measuring  instru- 
ments. A linear-scale  meter  which 
has  a guarantee  of  one  percent 
error  at  full  scale  would  produce 
an  error  of  10  percent  at  one-tenth 
full  scale.  Sinusoidal  distribution  of 
meter  readings  is  a desirable  fea- 
ture since  the  percentage  accuracy 
of  readings  is  nearly  uniform  over 
the  entire  scale. 

Where  the  two  voltages  under 
consideration  are  nearly  opposite  in 
phase,  the  accuracy  of  reading  can 
be  greatly  increased  by  introducing 
a phase  shift  of  180  degrees  to 
either  one.  This  is  done  with  phase 
inverter  Pi  or  P».  A second  scale 
starting  with  180  degrees  at  its 
normal  zero  position  is  established. 

Without  altering  the  value  of  any 
circuit  element  the  full-scale  sensi- 
tivity may  be  increased  to  any  value 
between  0 and  180  degrees  or  be- 
tween 180  and  360  degrees  by  in- 
creasing the  value  of  \E'i\. 

The  principle  underlying  this 
feasibility  can  best  be  explained 
by  referring  to  Eq.  2.  As  the 
phase  angle  0 of  this  equation 
decreases,  the  magnitude  of  the 
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resultant  voltage  \E„\  may  be  held 
constant  if  the  amplitudes  of  the 
input  voltages  increase  accordingly. 
This  in  turn  keeps  the  indication 
on  the  output  meter  unchanged, 
since  it  is  energized  by  the  result- 
ant voltage  l£?o|. 

If  it  is  desired  to  increase  the 
full-scale  angular  sensitivity  of  the 
instrument  from  180  degrees  to  60 
degrees  with  the  voltage  sensitivity 
of  the  output  meter  remaining  at 
2 volts,  Ri  and  are  readjusted  so 
that  the  magnitudes  of  \Ei\  and 
\E2\  will  be  two  volts  instead  of 
one  volt.  After  this  readjustment 
the  angular  sensitivity  of  the  out- 
put meter  will  be  increased  by  three 
times. 

Measuring  Complex  Voltages 

The  instrument  is  a simple  and 
convenient  device  for  direct  indica- 
tion of  the  imaginary  and  real  com- 
ponents of  an  unknown  voltage  in 
terms  of  a reference  voltage.  The 
block  diagram  of  Fig.  1 may  also  be 
used  to  explain  the  operating  prin- 
ciple underlying  this  application. 

In  Fig.  1,  El  and  Eg  are  assumed 
to  be  the  reference  and  unknown 
voltages  respectively.  Attenuator 
i?a  is  adjusted  to  give  zero  attenu- 
ation so  that  Ei'  will  be  equal  to  E2. 
Attenuator  Ri  is  adjusted  until  the 
deflection  at  the  output  meter 
reaches  a minimum  with  terminals 
4 and  8 connected  respectively  to 
terminals  1 and  6.  To  represent 
this  condition,  a vector  diagram  is 
drawn  in  Fig.  2 for  voltages  Ei, 
E2,  and  Eo.  Symbol  denotes  the 
reading  on  output  meter  V,  which 
is  also  the  potential  developed 
across  terminals  1 and  6 when  the 
meter  is  correctly  calibrated. 

Since  these  three  vectors  form  a 
right  triangle,  the  diagram  indi- 
cates that  Eo  is  equal  to  the  imagi- 
nary component  of  E2  and  that  Ei 
is  equal  to  the  real  component  of  E2. 
The  output  meter  will  read  directly 
the  imaginary  component  with 
terminals  4 and  8 connected  to  the 
positions  shown  in  Fig.  1 and  read 
directly  the  real  component  when 
terminal  8 is  connected  to  terminal 
5. 

If  the  phase  angle  between  the 


unknown  voltage  and  the  reference 
voltage  is  greater  than  90  degrees 
but  less  than  270  degrees,  the  above 
method  of  measuring  complex  com- 
ponents still  is  useful  when  E/  is 
shifted  180  degrees  with  respect  to 
El  by  inserting  phase  inverter  Pi. 

High-Impedance  Attenuator 

The  attenuator  circuit  shown  in 
Fig.  3 is  designed  to  minimize 
phase-distortion  difficulties  encount- 
ered with  conventional  volume  con- 
trols at  high  frequencies.  The  tri- 
ode  is  arranged  as  a cathode  fol- 
lower to  provide  a high  input  im- 
pedance and  to  allow  the  resistance 
of  the  potentiometer  at  its  cathode 
to  become  very  low.  The  first 
feature  is  essential  for  many  prac- 
tical applications  while  the  second 
helps  to  minimize  the  error  caused 
by  the  stray  capacitances  of  the 
potentiometer. 

Experimental  results  show  that 
the  maximum  error  introduced  by 
the  circuit  of  Fig.  3 is  less  than  2 
degrees  at  2.5  me  with  a 1,000-ohm 
carbon  potentiometer  for  Ri.  At 
low  frequencies,  the  error  angle  is 
determined  by  the  values  of  C2  and 
Rs — ^the  larger  these  two  elements 
are,  the  smaller  the  error  angle. 
Capacitor  C2  keeps  the  d-c  potential 
constant  at  the  output  terminal 
during  adjustment. 

Figure  4 shows  the  schematic 
diagram  of  the  differential  rectifier 
and  the  balanced  cathode-follower 
circuits  appearing  in  Fig.  1.  Diode 
Vi  functions  as  a differential  recti- 
fier. During  the  positive  loop  of 
the  applied  voltage,  Ci  and  C2 
charge  through  Vi.  During  the 
negative  loop  of  the  applied  voltage 
these  two  capacitors  discharge 
through  the  series  combination  of 
Ri,  R2  and  the  other  part  of  the 
circuit. 

The  time  constant  during  dis- 
charge is  made  very  large  compared 
with  that  during  charge,  and  there- 
fore the  sum  of  the  average  poten- 
tials across  Ci  and  C2  is  only  slightly 
less  than  the  peak  value  of  the  posi- 
tive loop  of  the  applied  voltage. 
Kesistors  Ri  and  Rg  are  used  to  iso- 
late both  input  terminals  from  the 
other  part  of  the  circuit.  Both  in- 


put terminals  can  be  connected  to 
points  which  are  above  a-c  ground 
potential. 

Triodes  V2  and  V,  function  as  a 
balanced  cathode  follower.  The  im- 
pedance between  points  C and  D 
looking  into  the  cathode  follower  is 
Ri/Cl  — A),  where  A is  the  gain 
of  the  cathode  follower.  This  im- 
pedance becomes  very  large  com- 
pared with  Rs  when  A approaches 
unity.  In  practice,  the  value  of 
jRs/Cl  — A)  can  be  conveniently 
made  equal  to  100  megohms  or 
higher  if  Rg  is  chosen  to  be 
10  megohms.  This  high  im- 
pedance makes  it  possible  to  oper- 
ate the  instrument  at  frequen- 
cies as  low  as  a few  cycles  since 
the  time  constant  [CiCs/iCi  -f  C2)] 
iRg/O-  — A)]  determines  the  lower 
limit  of  the  frequency  response. 

Another  feature  of  the  circuits 
described  is  good  stability.  This  is 
achieved  by  the  use  of  balanced  ar- 
rangement. Physically,  Rg,  Rg,  Vi- 
Vs  and  Va-Vi  perform  as  four 
arms  of  a balanced  bridge  in  which 
Ra  and  Rs  correspond  to  the  ratio 
arms,  V1-V2  to  the  unknown  arm 
and  Va-Vi  to  the  standard  arm. 

YHF  Operation 

With  available  circuit  elements 
and  technical  knowledge  it  is  ex- 
tremely difficult  to  construct  a vari- 
able attenuator  which  will  produce 
negligible  or  constant  phase  shift 
from  10  to  500  me  while  also  hav- 
ing a high  input  impedance.  It  is 
equally  difficult  to  construct  a high- 
impedance  network  which  will  in- 
troduce a constant  phase  shift  over 
this  range. 

Figure  5 shows  the  basic  circuit 
of  the  instrument  when  it  is  used  at 
high  frequencies.  In  this  circuit, 
rectification  is  performed  by  the 
probe  which  consists  of  a german- 
ium crystal,  two  capacitors  and 
two  resistors.  The  resonant  fre- 
quency of  the  probe  can  be  made 
very  high,  over  700  me,  when  care 
is  taken  during  construction.  Po- 
tentiometer Ri  is  used  for  panel 
zero  adjustment.  Before  operation 
the  variable  arms  of  potentiometers 
Ra  and  i2»  are  set  at  their  extreme 
right  positions. 
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In  order  to  explain  the  operation 
of  this  circuit,  consider  the  case  of 
measuring  the  phase  angle  between 
two  given  voltages.  Assume  that 
symbols  Ei  and  Et  represent  the 
two  given  voltages  and  the  magni- 
tude of  El  is  smaller  than  that  of 
Ea,  The  procedure  for  handling 
various  controls  is  as  follows:  (1) 
Connect  input  terminal  6 to  ground 
and  connect  terminals  4 and  5 to 
terminals  1 and  2,  respectively.  Ad- 
just potentiometer  Ra  until  a half- 
scale deflection  is  obtained  on  the 
output  meter.  This  step  serves  to 
adjust  the  sensitivity  of  the  instru- 
ment so  that  a full-scale  deflection 
will  occur  if  the  phase  angle  to  be 
measured  is  180  degrees.  (2)  Con- 
nect terminal  4 to  ground  and 
terminal  6 back  to  terminal  3,  then 
adjust  potentiometer  Rg  until  a half- 
scale  deflection  is  again  obtained 
on  the  output  meter.  This  step 
serves  to  adjust  the  zero  indication 
of  the  instrument  so  that  the  out- 
put meter  will  read  zero  when  the 
two  input  voltages  are  in  phase. 
(3)  Connect  terminal  4 back  to 
terminal  1.  Now  enter  the  reading 
of  the  output  meter  into  one  of  the 
curves  of  Fig.  6 and  find  the  answer 
on  the  X axis.  If  the  absolute 
magnitudes  of  both  input  voltages 
are  equal,  the  phase  angle  can  be 
read  directly  on  the  output  meter 
and  it  is  possible  to  omit  both  the 
second  step  and  the  use  of  the 
curves  of  Fig.  6. 

To  explain  the  operating  prin- 
ciple, an  expression  for  the  voltage 
Eo  developed  across  terminals  1 and 
6,  which  is  also  the  reading  on  the 
output  meter,  is  written  as  follows : 

Eg  = Ea  -—  El  — 

|^i|(n  cos  0 -H  i n sin  6^  — 1)  (3) 

where  n = \Ea\/\Ei\  and  0 is  the 
phase  angle  between  Ei  and  Ea.  The 
absolute  amplitude  of  E,  is 


tion  is  very  important  in  using  the 
instrument  at  high  frequencies. 


FIG.  3 — ^Basic  ckcuii  diagram  oi  the  at* 
tenuotor  for  audio  and  radio  frequencies 


FIG.  4 — Differential  rectifier  and  bal- 
anced cathode  follower 


Assume  that  0i  is  the  reading  of 
the  output  meter  and  0 is  the  true 
phase  angle  between  Ei  and  Ea. 
Since  the  scale  of  the  output  meter 
is  calibrated  in  degrees  for  the  case 
when  both  input  voltages  have  equal 
amplitude,  we  may  write 

2 l^il  sin  I = l^i|  [ Vn*  + 1 -2nco8  0 
-(n-1)]  (6) 

In  Eq.  5,  the  term  at  the  left  is  ob- 
tained by  substituting  n = 1 into 
Eq.  3,  while  the  term  at  the  right  is 
derived  from  Eq.  4 and  the  fact 
that  a voltage  with  amplitude  equal 
to  (w  — 1)  \Ei\  is  balanced  out 
from  the  output  meter  during  the 
second  step  of  adjustment.  By  re- 
arrangment  of  terms,  Eq.  6 becomes 

cos  0 = 2 (l  - ) 

-1  (6) 


\Eo\  = l^il  Vn*  + 1 — 2n  cos  0 (4) 

Equation  4 indicates  that  [E,.!  var- 
ies from  (w  — 1)  |Ei|  to  {n  + 1) 

I El  I as  the  angle  0 varies  from  zero 
to  180  degrees.  Thus  the  maximum 
variation  is  2 |Ei|  which  is  inde- 
pendent of  the  ratio  n.  This  rela- 


Graphical representation  of  Eq.  6 
is  shown  in  Fig.  6. 

Complete  Instrument 

A simplified  circuit  diagram  of 
the  complete  instrument  is  shown 
in  Fig.  7.  Essentially  the  instru- 
ment is  a combination  of  the  follow- 


ing elements:  two  variable  attenu- 
ators, two  phase  inverters,  a differ- 
ential rectifier,  a balanced  cathode 
follower,  a high-frequency  probe, 
an  automatic  relay  circuit  and  a 
regulated  power  supply.  Duo-tri- 
odes  Vi  and  Fa,  having  a transcon- 
ductance of  approximately  10,000 
micromhos  with  both  sections  con- 
nected in  parallel,  are  employed  as 
cathode  followers  in  the  attenuator 
circuits,  permitting  the  use  of  low- 
resistance  potentiometers  Ri  and  R, 
for  adjustment. 

Two  single-stage  degenerative 
amplifiers  using  pentodes  Fa  and 
F*  are  employed  for  phase  inver- 
sion. When  switch  St.  is  at  the  posi- 
tion marked  binding  post,  duo- 
diode  F«  and  duo-triode  Ft  are  con- 
nected respectively  as  a differential 
rectifier  and  a balanced  cathode  fol- 
lower similar  to  those  described  in 
the  early  part  of  this  paper. 

The  high-frequency  probe  con- 
sists of  a germanium  crystal,  two 
resistors  and  two  capacitors.  When 
switch  Si  is  at  the  position  marked 
PROBE,  the  balanced  cathode  fol- 
lower is  connected  to  the  probe  for 
operation  at  high  frequencies.  Po- 
tentiometer Eb  is  inserted  for  panel 
zero  adjustment  when  the  probe  is 
in  use,  otherwise  potentiometer  E* 
is  used  alone  for  the  same  purpose. 


FIG.  5 — Circuit  diagram  of  the  Vector* 
lyzer  for  operation  at  high  frequencies 


FIG.  6 — Curves  used  in  conjunction 
with  the  high-frequency  probe 
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This  arrangement  was  found  neces- 
sary in  order  to  avoid  initial  rush 
of  pointer  movement  during  zero 
setting.  Switch  S,  is  used  for  sense 
identification.  If  voltage  Vi  lags 

Va,  the  turning  of  switch  Sa  will 
cause  the  meter  reading  to  increase 
since  an  additional  phase  angle  is 
added  to  voltage  Vi. 

During  operation,  when  switch 
Si  or  Sa  is  turned  from  the  position 
shown  in  Fig.  7 to  the  position 
marked  0*  or  the  position  marked 
DIRECT,  a sudden  large  variation  in 
potential  difference  may  develop 
across  capacitors  C,  and  C«.  This 
variation  in  turn  causes  a heavy 
transient  current  to  overload  the 
output  meter.  The  operation  will 
be  interrupted  until  the  charges  on 
Ca  and  Ca  return  to  the  steady-state 
condition.  This  condition  may  take 
as  long  as  several  minutes  to 
establish  since  the  input  impedance 
of  the  balanced  cathode  follower  is 
very  high,  over  100  megohms.  The 
heavy  transient  current  may  even 
damage  the  output  meter  in  some 
cases  unless  an  automatic  relay  cir- 
cuit is  added  to  the  instrument. 

The  relay  circuit  embodies  a triode 
Va,  which  normally  operates  slightly 
above  its  cutoff,  an  R-C  circuit  of 
proper  time  constant  and  an  elec- 
tromagnetic relay  of  which  the  ac- 
tion is  controlled  by  the  plate  cur- 
rent of  the  triode.  When  switch  Si 
is  turned  to  the  position  marked  0“ 
from  the  position  shown  in  Fig.  7, 
Cl  is  short  circuited  and  Ca  with 
zero  initial  charge  is  connected 
across  the  grid  and  cathode  of  tri- 
ode Va.  The  plate  current  of  F, 


FIG.  7 — Schematic  diagram  oi  complete  instrument.  Duo-triodes  Vi  and  Vs  ore  employed 
08  cothode  followers  in  the  attenuator  circuits 


rises  abruptly  and  the  relay  in  its 
cathode  circuit  is  energized  imme- 
diately. Capacitor  Ca  charges 
through  Ra  and  the  potential  at  the 
grid  of  Va  decreases  exponentially 
toward  zero. 

The  relay  will  be  deenergized 
again  as  soon  as  the  plate  current 
of  Va  decreases  to  a certain  value. 
The  energizing  of  the  relay  serves 
to  short-circuit  the  input  terminals 
of  the  balanced  cathode  follower 
and  to  disconnect  the  output  meter. 
The  charges  on  C*  and  Ca  will  reach 
their  steady-state  condition  in  a 
much  shorter  interval  and  the 
pointer  of  the  output  meter  will 


stay  at  its  zero  position  until  the 
steady-state  condition  has  been  es- 
tablished if  a proper  time  constant 
is  chosen  for  RaCa.  During  the  next 
switching  action  that  includes  the 
turning  of  switch  Si  to  its  original 
position  or  the  position  marked 
DIRECT,  or  the  turning  of  switch  Sa 
to  the  position  marked  0“,  Ca  will 
be  short-circuited  and  Ci  will  be 
connected  across  the  grid  and 
cathode  of  triode  Va.  The  relay 
operates  and  the  process  repeats. 

The  author  wishes  to  acknowl- 
edge that  the  instrument  described 
was  developed  for  the  Advance 
Electronics  Company. 


Phase  Meter 

By  E.  0.  VANDEVEN 


The  phase  meter  is  a device  that 
measures  the  phase  angles  of  a low 
or  high  frequency  polyphase  voltage 
supply.  Essentially  this  is  accom- 
plished by  developing  on  the  screen 
of  a cathode-ray  oscilloscope  a cir- 
cular sweep  at  the  polyphase  supply 


frequency.  Each  phase  voltage  of 
the  polyphase  supply  is  then  separ- 
ately amplified,  clipped,  differenti- 
ated and  again  amplified. 

In  the  output  of  each  phase  am- 
plifier are  pulses  which  are  estab- 
lished in  time  by  their  respective 


phase  voltage.  These  pulses  are 
mixed  and  applied  to  the  Z-axis 
amplifier  of  the  oscilloscope  to  in- 
tensity modulate  the  circular  trace, 
causing  a dark  or  bright  spot  to 
appear  for  each  phase  voltage.  The 
angular  displacement  between  the 
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spots  is  then  a measure  of  the  angu- 
lar displacement  between  corres- 
ponding phase  voltages.  The  phase 
angles  can  be  read  by  calibrating 
the  oscilloscope  screen  radially  in 
degrees. 

A block  diagram  of  the  phase 
meter  is  shown  in  Fig.  1.  One  phase 


FIG.  1 — Block  diagram  oi  phase  detector 


of  the  three-phase  supply  is  applied 
to  a device  which  shifts  the  phase 
by  90  degrees.  This  is  done,  since 
to  obtain  a circular  sweep  it  is 
necessary  to  apply  to  the  horizontal 
and  vertical  amplifiers  voltages  of 
the  same  frequency  but  separated 
in  phase  by  90  degrees.  The  pulse 
forming  and  mixing  circuits  are 
also  indicated. 

The  phase  meter  was  developed 


FIG.  2 — Single-phase  to  diree-phase  trans- 
formation circuit  ond  phase  diagram 

for  work  with  the  2H21  phasitron 
tube,  used  to  generate  crystal-con- 
trolled f-m.  The  phasitron  has 
three-phase  r-f  applied  to  the  de- 
flector electrodes.  A crystal  oscil- 
lator at  approximately  230  kilo- 
cycles is  the  signal  source.  This 
single-phase  voltage  is  transformed 
to  three-phase  by  employing  a mod- 
ified Scott  transformer  connection. 


The  single-  to  three-phase  trans- 
formation circuit,  with  the  associ- 
ated phase  relationships,  is  shown 
in  Fig.  2.  Amplifier  tube  V supplies 
a transformer  load,  the  secondary 
of  which  is  center  tapped.  Second- 
ary voltage,  AF,  is  shown  vectori- 
ally  on  the  phase  diagram.  The  OB 
vector,  displaced  90  degrees  from 
AF,  is  obtained  by  shifting  the 
phase  of  the  primary  voltage  DE  by 
90  degrees.  Since  DE  and  AF  are  in 
phase,  vector  OB  is  then  90  degrees 
from  AF. 

Resistor  R is  essentially  con- 
nected from  B to  E which  is  part 
of  a tuned  circuit.  Therefore  by 
detuning  the  tuned  circuit  slightly 
from  the  resonant  point  the  react- 
ance from  B to  E can  be  made  to 
appear  inductive.  This  inductive  re- 
actance is  in  series  with  Ci,  and  by 
proper  adjustment  of  these  two 
parameters  the  voltage  BE  will  be 
displaced  from  the  supply  voltage 
DE  by  90  degrees.  By  properly  es- 
tablishing the  ratio  of  to  (7*,  the 
point  E is  selected  along  the  OB 
vector.  Point  E is  grounded  provid- 
ing a neutral  point  for  the  balanced 
three-phase  system. 

For  the  phasitron  to  operate  with 
minimum  distortion  it  is  necessary 
that  the  exciter  supply  phase  volt- 
ages of  equal  magnitude  and  angu- 
lar displacement.  The  phase  meter 
was  developed  to  facilitate  the  ad- 
justment of  the  exciter  supply  for 
perfect  three-phase  output. 

Circular  Sweep 

Figure  3 shows  the  circuit  used 
to  obtain  circular  sweep.  The  sin- 
gle-phase, 230-kc  signal  feeds  a 
pentode  amplifier.  The  amplifier 
plate  circuit  has  a tuned  trans- 
former which,  when  resonated,  gives 
a 90-degree  phase  shift  between 
primary  and  secondary.  Proper  ad- 
justment of  the  secondary  tuning 
capacitor  is  accomplished  by  observ- 
ing the  pattern  on  the  c-r  tube. 
When  this  capacitor,  and  the  hori- 
zontal and  vertical  gains,  are  cor- 
rectly set,  the  result  will  be  a cir- 
cular trace  on  the  cro  screen. 

The  pentode  amplifier  is  run  class 
A and  with  an  unbypassed  cathode 
resistor.  This  is  to  minimize  dis- 


FIG.  3 — Circuit  oi  circular  sweep  generator 

tortion  of  the  voltages  applied  to 
the  vertical  and  horizontal  ampli- 
fiers. The  cro  amplifiers  must  also 
have  low  , distortion,  or  it  will  be 
impossible  to  obtain  perfect  circu- 
lar sweep.  Circle  size  is  controlled 
by  Ru 

One  of  the  pulse-forming  circuits 
is  shown  in  Fig.  4.  Phase  voltage  is 
applied  to  V^a,  a cathode  follower. 
This  tube  transforms  from  high- 
impedance  input  to  low-impedance 
output  across  Li. 

Operation 

Accuracy  of  the  meter  depends 
more  than  anything  else  on  the 
coupling  circuit  between  V-u-  and  F*, 
and  the  operation  of  F*.  The  volt- 
age developed  across  Li  is  at  least 
30  volts  rms.  Therefore  the  grid  of 
Fj  swings  from  minus  50  volts  to 
50  volts  plus,  less  the  drop  across 
RsCs.  The  tube  begins  to  conduct 
when  the  input  voltage  rises  to  ap- 
proximately —4.5  volts.  When  it 
reaches  zero  volts,  grid  current  be- 
gins to  flow,  resulting  in  a voltage 
drop  across  the  grid  resistor. 

The  output  of  Fs  therefore  is  a 
pulse  whose  leading  edge  is  very 
steep.  It  is  important  that  this  lead- 
ing edge  be  definitely  established  in 
time  with  respect  to  the  phase  in- 
put voltage. 

Tube  V 2 is  directly  coupled  to  Lx, 
since  a blocking  capacitor  would 
have  a discharge  time  constant 
which  would  develop  grid  bias  on  Fo 
and  change  its  operating  point  with 
respect  to  the  phase  input  voltage. 
Filter  RjCs  has  a time  constant 
which  is  short  compared  to  the  pe- 
riod of  one  cycle.  Thus,  as  the  volt- 
age across  Lx  rises  from  its  peak 
negative  value.  Fa  should  begin  to 
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conduct  at  a point  determined  en- 
tirely by  its  cutoff  potential. 

If  the  magnitude  of  the  phase 
voltage  is  varied,  this  point  will 
shift  slightly,  which  is  part  of  the 
inherent  error  of  the  device.  If  all 
phase  voltages  are  varied  by  the 


same  amount  however,  no  net  error 
should  result.  All  operating  points 
will  have  shifted  by  the  same 
amount  and  in  the  same  direction. 

Ci  and  RJji  constitute  a differen- 
tiating circuit,  the  voltage  on  Vz 


FIG.  5 — Phase  relations  in  pulse-iorming 
circuit 


grid  consisting  of  narrow  positive 
and  negative  pulses.  Since  Vs  is  zero 
biased,  its  grid  presents  low  im- 
pedance to  the  positive  pulses  and 
high  impedance  to  the  negative 
ones.  In  the  output,  positive  pulses 
predominate. 

Tube  Vt  is  an  amplifier-inverter, 
biased  beyond  cutoff.  The  pulses  are 
also  narrowed  in  this  stage.  Output 
of  V*  is  applied  to  Vs,  a cathode  fol- 
lower. The  negative  pulses  devel- 


oped across  the  cathode-follower 
load  impedance  cannot  be  fed  to  the 
Z axis  input  directly.  If  this  were 
done  the  cathode-follower  loads  of 
all  phase  circuits  would  essentially 
be  in  parallel.  When  one  cathode 
follower  were  pulsing  the  remain- 
ing two  would  present  excessive 
loading.  The  result  would  be  in- 
sufficient pulse  output  voltage. 

Circuit  Isolation 

Therefore  the  second  section  of 
Vs,  is  diode  connected.  Under  these 
circuit  conditions,  the  cathode  load 
impedances  of  the  inoperative  ca- 
thode followers  are  isolated  from 
the  load  impedance  of  the  one  that 
is  operating. 

Tube  ViB  is  diode-connected  to 
form  part  of  a peak-reading  volt- 
meter circuit.  The  meter  is  cali- 
brated to  read  rms  phase  voltage. 

Figure  5 shows  the  phase  rela- 
tionship between  the  sine  wave  in- 
put to  the  phase  circuit  and  the 
output  pulses  appearing  at  the  Z- 
axis  input  to  the  cro.  The  leading 
edge  of  each  pulse  is  determined 
by  the  cutoff  point  of  the  first  clip- 
per tube  in  the  corresponding  phase 
circuit. 

Other  possible  uses  of  the  phase' 
meter  principle  include  the  meas- 
urement of  phase  shift  through 
amplifier  circuits. 


Single-Tube  Audio  Phasemeter 


A PHASEMETER  is  described,  which 
is  capable  of  measuring  phase  dif- 
ference between  two  sinusoidal 
voltages  from  300  cps  to  100,000 
cps.  Angles  from  1 to  180  degrees 
are  measurable  with  an  accuracy  of 
better  than  1 degree.  No  prelimi- 
nary adjustments  for  frequency  are 
necessary  with  this  meter. 

A unique  property  of  the  magni- 
tude of  the  sum  and  differences  of 
two.  alternating  current  voltages 
makes  the  operation  of  this  phase- 


By  JOSEPH  A.  VANOUS 

meter  possible.  In  operation,  the 
phasemeter  is  connected  across  the 
phase-shift  network.  After  two 
calibrations,  the  sine  or  cosine  of 
half  of  the  phase  angle  is  measured 
directly.  The  principal  value  of  the 
inverse  function  is  found  in  a table 
of  trigonometric  functions.  Multi- 
plying this  value  by  2 will  produce 
the  phase  angle  in  degrees. 

Principle  of  Operation 
Several  other  types  of  phase- 


meters employ  cascaded  amplifier- 
limiter  stages  which  supply  square 
waves  to  the  indicating  circuits^’  *. 
Circuit  simplicity  is  achieved  by 
making  a comparison  between  two 
sinusoidal  waves  directly. 

The  phasemeter  consists  of  two 
low-impedance  generators  connected 
by  an  impedance  of  2Z.  The  voltage 
at  the  centertap  of  the  connecting 
circuit  is  measured  by  an  a-c  volt- 
meter as  shown  in  Fig.  lA.  The 
two  voltages  have  the  polarity 
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FIG.  1 — Basic  circuit  and  vector  dio- 
grams  showing  bosis  for  two-tube 
audio  - frequency  phose  measuring 
device 


shown  where  is  the  voltage  at 
generator  1,  and  (cos  6 + j sin 
6)  is  the  voltage  at  generator  2. 
The  two  voltages  have  the  same 
magnitude  but  differ  by  an  angle  B 
which  is  the  phase  angle.  Assuming 
the  voltage  Eo  is  measured  by  a 
high-impedance  voltmeter  drawing 
negligible  current,  the  following 
equation  can  be  written 

El—  El  (cos  d j sin  0)  = t (2Z)  (1) 

. El—  El  (cos  0 + i an  B) 

*“  2Z 

Eo  = El  — i Z (2) 

Substituting  Eq.  1 for  i in  Eq.  2 

Eo=  El-  Z ~ g + J sin  e)  ^ 

= (1  + cos  -F  j sin  &) 

Solving  for  the  absolute  magnitude 
of  the  voltage  measured  at  Eo 

li^ol  = V (1  -h  cos  d)«  4-  (sin  fl)* 

am  /I  + ®OS 

cosine  9/2  = ( 2 \ 

l^ol  = (2)  cos  9/2 

|^o|  = El  cos  9/2 

If  the  generator  vdtages  are  cali- 
brated equal  and  unity  in  value, 
then  the  voltmeter  will  read  the 
cosine  of  B/2.  The  vector  diagram 
in  Fig.  IB  shows  the  relationship 
of  the  voltages  for  an  arbitrary 
phase  angle  B. 


If  generator  2 is  reversed  180 
degrees  in  phase  the  voltage  Eo  will 
equal 

\Eo\  = El  an  9/2 

This  can  be  proved  by  following  a 
mathematical  procedure  identical  to 
the  one  outlined  above.  The  cor- 
responding vector  diagram  is 
shown  in  Fig.  1C. 

By  calibrating  the  generator 
voltages  at  one  volt,  the  voltmeter 
will  read  the  cosine  of  B/2  or  the 
sine  of  9/2  directly.  A table  of 
trigonometric  functions  will  convert 
these  readings  to  half  of  the  phase 
angle.  Multiplying  this  angle  by 
two  will  produce  the  phase  angle. 

Equipment 

The  two  low-impedance  gener- 
ators of  Fig.  lA  for  measuring  the 
the  cosine  of  9/2  consist  of  cathode 
followers  as  shown  in  Fig.  2.  Out- 
puts of  the  cathode  followers  are 
connected  in  series  by  an  impedance 
composed  of  two  blocking  capaci- 
tors and  two  resistors.  The  resist- 


FIG.  2 — ^Phasemeter  cdrcidt  diagram 
shows  ituction  of  slne-cosIne  switch 


ors  are  identical  in  value  to  provide 
a center-tap.  The  reactances  of  the 
blocking  capacitors  are  also  equal 
to  produce  an  equal  impedance  both 
sides  of  center-tap.  Reference  to 
the  derivation  will  reveal  this  as  an 
initial  condition. 

Cathode  followers  were  employed 
to  provide  an  impedance  trans- 
formation from  a high  input  im- 
pedance to  a low  output  impedance. 
It  is  desirable  to  have  a high  input 
impedance  to  prevent  the  loading 
of  the  measured  network,  and  to 


prevent  any  additional  phase  shift 
by  this  loading.  A low  output  im- 
pedance allows  calibration  of  the 
voltmeter  without  excessive  cycling. 

A 180-degree  phase  reversal  for 
measurement  of  the  sine  of  9/2  is 
accomplished  by  obtaining  the  out- 
put from  the  plate  of  Vi.  The  switch 
labeled  sine-cosine  performs  this 
operation. 

The  input  to  each  tube  consists 
of  a blocking  capacitor  and  a grid- 
leak  resistor.  Identical  components 
are  used  to  prevent  a phase  differ- 
ence at  the  grids  in  addition  to  that 
being  measured  while  measuring 
the  cosine  of  9/2.  When  the  output 
of  Vi  is  taken  from  the  plate  for 
the  measurement  of  the  sine  of  B/2, 
the  reactance  of  the  filter  capacitor 
becomes  significant  at  the  low  fre- 
quencies, and  creates  a spurious 
phase  shift.  This  unwanted  phase 
shift  is  canceled  by  introducing  an 
opposite  phase  shift  at  the  grid  of 
Vo  by  decreasing  the  reactance  of 
the  R-C  circuit. 

The  rate  of  change  of  the  sine 
function  with  respect  to  the  angle 
is  greater  for  small  angles.  There- 
fore, to  obtain  maximum  reading 
accuracy,  the  sine  of  B/2  is  used  for 
phase  angles  from  0 to  90  degrees. 
The  cosine  of  B/2  position  is  used 
for  angles  between  90  and  180  de- 
grees where  the  rate  of  change  of 
the  cosine  function  is  greatest. 

The  phasemeter  is  used  in  con- 
junction with  an  audio  oscillator  as 
shown  in  Fig.  3.  A 3-way  calibra- 
tion switch  is  used  with  the  a-c 
voltmeter  , to  allow  the  calibration 
of  the  tube  outputs.  The  cathode 
resistor  of  Vo  is  a potentiometer  for 
adjusting  the  voltage  to  one  volt. 
The  cathode  and  plate  output  volt- 
ages of  Vi  are  calibr^ited  by  means 
of  the  audio  oscillator  attenuator 
control.  This  procedure  eliminates 
the  necessity  of  using  potentiom- 


FIG.  3 — In  practice,  the  phasemeter  is 
connected  as  shown  here 
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eters  in  place  of  the  cathode  and 
plate  resistors. 

Performance 

The  phasemeter  was  first  tested 
for  inherent  phase  shift  over  the 
frequency  range.  The  two  inputs 
were  connected  together  to  an  audio 
oscillator,  and  readings  of  sine  d/2 
versus  frequency  were  taken. 
Under  ideal  conditions,  the  volt- 
meter reading  will  be  zero,  indicat- 
ing zero  phase  shift,  but  a residual 
voltage  caused  by  power  supply 
ripple  will  normally  be  measured. 
This  voltage  amounted  to  0.008 
volts  over  the  band,  and,  if  consid- 
ered a phase  shift,  equals  approxi- 
mately 1 degree.  This  is  the  small- 
est angle  that  can  be  measured. 

The  phasemeter  was  tested  for 
accuracy  by  comparing  measured 
phase  shifts  against  calculated 


phase  shifts  of  a R-C  circuit.  Values 
of  capacitance  and  resistance  ob- 
tained from  an  impedance  bridge 
were  used  in  the  computations.  The 
voltage  across  the  resistance  with 
reference  to  that  across  the  series 
combination  was  first  taken  across 
the  band.  The  voltage  across  the 
capacitor  was  then  measured  using 
the  same  reference.  The  error  in 
the  measured  angles  averaged  0.5 
degrees. 

Great  differences  in  input  volt- 
ages should  be  avoided.  For  great- 
est accuracy,  both  inputs  should  be 
approximately  1.7  volts  correspond- 
ing to  an  output  of  one  volt  The 
accuracy  will  then  be  within  1 de- 
gree from  1 to  180  degrees.  If  the 
input  to  Vi  is  between  5 and  10 
volts,  then  the  1-degree  accuracy 
is  maintained  only  from  approxi- 
mately 10  to  180  degrees.  Exces- 


sive distortion  creates  harmonic 
voltages  which  predominate  for 
small  angles,  and  leads  to  an  in- 
creasingly large  error  as  the  phase 
angle  approaches  1 degree.  Com- 
putation of  the  error  due  to  the 
power  supply  ripple  revealed  it  to 
be  negligible  for  angles  greater 
than  1 degree. 

The  writer  wishes  to  express  his 
appreciation  to  Harry  L.  Sandberg 
for  his  analyses  and  encouragement. 
The  writer  is  also  indebted  to  Clem 
Arnold  for  his  suggestions  and 
cooperation. 
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Q-Meter  Impedance  Charts 

Three  nomographs  speed  utilization  of  data  obtained  with  standard  Q meter  when 
numerous  measurements  have  to  be  made.  Effective  series  R,  effective  parallel  R 
and  effective  parallel  and  series  reactances  of  an  impedance  are  given  directly 
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The  accompanying  nomo- 
graphs are  designed  to  give 
the  effective  parallel  resistance 
Rp,  the  effective  series  resistance 
R.  and  the  effective  parallel  and 
series  reactances  X,  and  X,  of  an 
impedance  Z when  parallel  con- 
nection to  a standard  Q meter  is 
used,  as  shown  in  Fig.  1. 

Limitations  of  the  nomographs 
are  the  same  as  for  standard  Q- 
meter  equations:  R,  is  accurate 
for  any  impedance;  R,  is  accur- 
ate for  impedances  with  Q 
greater  than  10;  the  difference 
between  the  effective  series  and 
parallel  values  of  reactance  may 
be  neglected  and  the  values  ob- 
tained from  Fig.  4 may  be  con- 
sidered lo  be  the  effective  react- 
ance when  the  Q of  the  imped- 


ance being  measured  is  greater 
than  10.  For  more  accurate 
values  of  R,  the  unknown  imped- 
ance should  be  connected  in 
series  with  the  L of  the  Q meter. 

Insf ructions  for  Use 

To  get  R„  use  Fig.  2 after 
computing  values  of  — Q„ 


FIG.  1 — ^To  obicdn  required  data,  im- 
pedance being  studied  is  connected  in 
parallel  with  C of  Q meter  as  shown 


Q,Qi  and  {C^  — CO*.  Join  pairs 
of  values  as  indicated  by  dashed 
lines  1 and  2 to  get  turning 
points  on  scales  A and  B,  join 
these  points  as  per  dashed  line 
3 to  get  a turning  point  on  scale 
C,  then  join  the  point  on  C with 
the  value  of  / as  per  dashed  line 

to  get  R,. 

To  get  Rp,  use  Fig.  3 in  essen- 
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tially  the  same  way,  as  indicated 
by  the  numbered  dashed  lines. 

To  get  X,  or  X„  use  Fig.  4 
in  the  conventional  manner. 

Example  of  Use 

Suppose  an  r-f  choke  is  to  be 
used  in  the  shunt-fed  plate  cir- 
cuit of  a tube.  It  is  desirable  to 
know  the  effective  parallel  resist- 
ance Rf  and  reactance  X,  that 
this  choke  will  shunt  across  the 
plate  circuit. 


Set  up  the  Q meter  on  the  fre- 
quency at  which  measurements 
are  to  be  made.  Record  the  Q 
and  capacitance  as  Q,  and  Ci  re- 
spectively. Connect  the  choke  be- 
tween the  capacitor  terminals  on 
the  Q meter,  readjust  C 2or  re- 
sonance, and  record  Q,  and  Ct. 
Typical  data  obtained  might  be: 
/ = 10  me;  = 145;  = 92.6 

(i.{xf;  Qa  = 136;  Ca  = 91.5  tifif. 
Then  Qi  — Qs  = 9,  QiQ,  = 19,720, 


Ca  - C^  = 1.1  and  (Ca  - C,y  = 

1.21. 

To  find  the  effective  series  re- 
sistance with  Fig.  2,  draw  a line 
from  9 on  the  Qi  — Q,  scale  to 
92.6  on  the  Ci  scale.  Mark  the  in- 
tersection of  this  line  with  line  A. 
Draw  a line  from  19,720  on  the 
QiQi  scale  to  1.21  on  the  (Ca  — 

Cl)*  scale.  Mark  the  intersection 
of  this  line  with  line  B.  Connect 
the  points  marked  on  lines  A and 
B and  mark  the  intersection  with 
line  C.  Connect  the  point  on  line 
C with  10  me  on  the  frequency 
scale  and  read  R.  (560  ohms)  at 
the  intersection  of  this  line  and 
the  R,  scale. 

Using  the  above  data  and  Fig. 
3,  draw  a line  from  9 on  the 
Qi  — Q2  scale  to  92.6  on  the  Ci 
scale.  Mark  where  this  line 
crosses  vertical  line  A.  Next, 
draw  a line  from  145  on  the  Qi 
scale  to  136  on  the  Qa  scale.  Mark 
the  intersection  of  this  line  with 
vertical  line  B.  Connect  the 
points  marked  on  lines  A and  B 
and  mark  the  intersection  of  this 
line  with  vertical  line  C.  Draw  a 
line  from  the  point  marked  on  C 
to  10  me  on  the  frequency  scale 
and  read  the  effective  parallel  re- 
sistance (370,000  ohms)  where 
this  line  intersects  the  R,  scale. 
Since  this  value  is  much  larger 
than  the  average  tank  circuit  im- 
pedance, it  will  have  little  effect. 

To  find  X,  on  Fig.  4,  connect 
1.1  on  the  Ca—Ci  scale  with  10  me 
on  the  frequency  scale  and  read 
the  effective  parallel  reactance 
(14,200  ohms)  on  the  X,  scale. 
Since  Ci  is  greater  than  C*  the 
reactance  is  capacitive.  This  then 
represents  a capacitance  of  ap- 
proximately 1 fifif  at  10  me, 
which  will  detune  the  circuit 
very  little. 


Continued 


278 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


Ci-C, 

1.000^5 

600- 

400- 

500- 


lOOrj 

50- 

40- 

30- 


Xp  or  X, 
OHMS 
— I 

-2 

^3 

=5 


-20  , 
^30 
—50 


V .V  . I 59  « 10* 

* * /(Cj-C,) 

If  Cj>C,,THEN 
' X IS  POSITIVE 
If  Cj<C,,THEN 
X IS  NEGATIVE 


-200 

-300 

-500 


-2,000 
-3P00 
i 5,000--^ 
^-KjfoOO 

-20,000 
-30,000 
: 50,000 
^100,000 


S 

MC 

flOO 
80 
60 
h50 
p40 
-30 


e:'° 

E-8 

^6 

-5 


FIG.  4 — Determinotion  of  effective  par- 
allel or  series  reactance 


High-Resistance  Measurement 


Accurate  measurement  of  resist- 
ance below  about  one  megohm  is 
usually  made  by  means  of  a Wheat- 
stone bridge  using  a galvanometer 
for  the  null  indicator.  Above  this 
value  the  resistance  of  a galvano- 
meter is  too  low  to  properly  match 
the  high-resistance  arms  of  the 
bridge  and  insufficient  indication 
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results.  A vacuum-tube  amplifier 
connected  to  the  output  of  the 
bridge,  however,  offers  a much 
higher  impedance  and  is  quite  effec- 
tive since  the  voltage  output  of  a 
high-resistance  bridge  is  compara- 
tively high. 

Figure  1 shows  a bridge  and 
amplifier  for  the  purpose.  The 


bridge  consists  of  precision  ratio 
arms,  a variable  standard,  which 
may  be  a laboratory-type  resistance 
decade,  and  the  unknown.  Since  the 
ratio  is  100  to  1,  a 1-megohm 
decade  may  be  used  for  measure- 
ments up  to  100  megohms.  The 
accuracy  of  laboratory  decades  is 
usually  0.1  percent  or  greater,  and 
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the  ratio  arms,  if  not  already  this 
accurate,  may  be  adjusted  by  put- 
ting a O.T-percent  resistor  across 
the  unknown  terminals  of  the 
bridge  and  a 0.1-percent  resistor  of 
1/100  the  value  across  the  decade 
terminals  and  then  correcting  the 
ratio  arms  until  the  bridge  bal- 
ances. The  meter-amplifier  circuit 
indicates  to  much  closer  than  0.1 
percent  except  when  measuring  ex- 
tremely high  resistances,  so  the 
overall  accuracy  is  perhaps  0.2  to 
0.3  percent. 

Circuit 

The  amplifier  is  a conventional 
vtvm  type  in  which  two  triodes  are 
balanced  against  each  other  to 
cancel  drift.  Any  drift  that  re- 
mains may  cause  a slight  shift  in 
the  zero  position  of  the  meter,  but, 
by  using  a momentary  switch  which 
must  be  pressed  to  make  the 


FIG.  1 — Circuit  of  high-resistance  bridge 
and  amplifier  for  convenient  measure- 
ments up  to  100  megohms 


measurement,  the  circuit  is  auto- 
matically placed  in  the  zeroing 
position  before  and  after  every 
measurement  and  any  shift  in  zero 
is  immediately  apparent.  Since  a 
sensitive  meter  is  used,  no  voltage 
amplification  is  necessary. 


Grid  current  flowing  through  the 
bridge  causes  a potential  to  appear 
at  the  grid  of  Vi,  but  since  the  cir- 
cuit is  arranged  with  the  same  re- 
sistance in  the  grid  circuit  in  both 
the  zeroing  and  measuring  posi- 
tions, no  error  is  introduced.  It  is 
advisable,  however,  to  keep  the  grid 
current  at  a minimum  by  applying 
proper  voltages  to  the  tubes. 

Because  of  the  high  resistances 
involved,  some  points  in  the  bridge 
circuit  not  connected  to  the  chassis 
must  be  carefully  insulated  from  it 
and  from  each  other,  as  a slight 
leakage  may  cause  serious  errors 
in  measurement.  Although  the  in- 
strument has  been  described  as  a 
high-resistance  measuring  device, 
it  can  also  be  used  equally  well  for 
any  resistance  down  to  about  100 
ohms  simply  by  reversing  the  posi- 
tion of  the  decade  and  the  unknown 
resistance  in  the  bridge  circuit. 


Automatic  A-C  Bridges 

Design  of  bridge  and  detector  circuits  used  in  production  lines  for  automatic  measure- 
ment of  inductance,  capacitance,  and  effective  resistance.  To  cut  down  computations 
required,  a graphical  method  of  determining  phase  and  amplitude  of  bridge  unbalance 

voltage  is  included 


PRODUCTION  EQUIPMENT  perform- 
ing continuity,  insulation 
breakdown,  d-c  resistance  and  sim- 
ple a-c  impedance  tests  is  readily 
made  automatic.  But  in  the  meas- 
urement of  inductance,  capacitance 
and  effective  resistance,  manually 
operated  a-c  bridges  are  still  widely 
employed  in  spite  of  costly  operator 
time. 

Partly  or  fully  automatic  bridges 
have  been  developed  which  perform 
such  tests  with  accuracy  compar- 
able to  that  of  manual  bridges. 

In  the  design  of  any  measuring 
device  there  are  two  general  ap- 
proaches. In  one  method,  a quan- 
tity is  measured  accurately  and  fig- 
ures are  presented  to  the  operator. 
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An  example  is  a bridge  with  a 
calibrated  indicator.  In  the  second 
method,  no  effort  is  made  to  deter- 
mine actual  magnitude.  It  is  sim- 
ply determined  as  being  less  than  a 
set  upper  limit,  and  greater  than 
a set  lower  limit,  or  within  limits. 

Most  industrial  requirements  are 
stated  in  the  form  of  limits.  (For 


example,  inductance  of  a particular 
coil  must  not  exceed  0.51  henry  and 
must  not  be  less  than  0.50  henry). 
This  would  seem  to  make  the  limit- 
type  of  measurement  the  solu- 
tion to  most  problems  of  industrial 
testing.  However,  the  necessity  of 
measuring  reactance  or  effective  re- 
sistance introduces  certain  limita- 


FIG.  1 — Simple  ohose  discriminator  and  vector  relationship  of  voltages  involved 
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tions.  If  the  inductance  of  a coil  is 
to  be  measured  on  a limit  bridge 
with  one-percent  accuracy,  then  the 
effective  resistance  of  the  coil  must 
lie  within  a certain  range.  Usually, 
the  wider  this  range  can  be  made 
the  more  dependable  the  test  will 
be.  Proper  attention  to  the  design 
of  the  Jimit-bridge-plus-detector 
system  can  materially  extend  this 
range. 

Phase  Discriminator 

Detectors  for  automatic  a-c 
bridges  almost  universally  depend 
on  the  principle  of  phase  discrimi- 
nation. The  circuit  of  Fig.  1 shows 
a simple  phase  discriminator.  A d-c 
output  voltage  E,  is  obtained  which 
is  a measure  of  the  phase  difference 
between  e and  en-  The  voltages  sup- 
plied to  the  rectifiers  are  e 4-  and 
e — The  rectified  voltages  across 
the  load  resistances  are  propor- 
tional to  the  amplitudes  of  these 
two  voltages.  The  d-c  difference  is 
Eo. 

It  can  be  shown  from  the  vector 
diagram  that 

Eo  = K •ex  (e  COB  ff)  (1) 

where  is  the  phase  angle  between 
e and  e^.  Thus  if  eg  is  constant,  Eo 
is  directly  dependent  only  on  the 
component  of  e in  the  direction  of 
eg.  In  practice,  this  relationship  is 
somewhat  modified  by  rectifier 
characteristics  and  other  factors. 

The  conditions  for  proper  opera- 
tion of  the  phase  discriminator 
must  usually  be  set  up  by  shifting 
the  phase  of  one  of  the  input  volt- 
ages. Figure  2 shows  a simple 
phase  shifter.  This  circuit  has  the 
virtue  of  allowing  easy  shifting  of 
phase  up  to  180  degrees  without 
changing  signal  amplitude.  It  is, 
however,  frequency  sensitive. 

Typical  System 

Figure  3 shows  a typical  ar- 
rangement of  various  elementary 
circuits.  Output  Eo  is  a measure  of 
bridge  unbalance  and  can  be  made 
to  depend  chiefly  on  signals  of 
preferred  phase,  discriminating 
against  those  of  unfavorable  phase. 

Figure  4 is  an  idealized  version 
of  a bridge  output-voltage  chart. 


The  chart  is  drawn  relative  to  the 
bridge  input  voltage  E = A'C'.  Let 
the  potential  of  the  bridge  corner  B 
be  represented  by  the  point  B' 
(more  correctly,  by  the  vector 
A'B').  Since  the  ratio  arms,  which 
are  not  necessarily  resistive,  are 
considered  here  to  be  fixed,  then  the 
point  B'  is  fixed. 

The  potential  of  the  bridge  cor- 
ner E,  however,  depends  on  the 
value  of  the  unknown,  the  settings 
of  the  standards,  and  the  supply 
frequency.  Let  the  standard  set- 
tings and  the  frequency  be  held 
constant.  Then  the  potential  of 
point  D can  be  located  by  means  of 
the  grid  of  labelled  lines.  In  this 
example,  resistance  R of  the  test  is 
allowed  to  vary  from  100  to  700 
ohms.  Inductance  L of  the  test  is 
allowed  to  vary  from  0.1  to  0.7 
henry.  Unbalance  voltage  e is  the 
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FIG.  2 — Capocitor  ond  rector  fonn 
simple  phase  shifter 


difference  between  the  potentials  of 
comers  B and  D.  In  this  case,  bal- 
ance is  achieved  when  R = 400 
ohms  and  L = 0.4  henry.  Vector  e, 


FIG.  3 — Arrangement  of  basic  elements 
lot  obtaining  data  of  Fig.  4 


drawn  on  the  chart,  is  the  result  of 
R becoming  300  ohms  and  L be- 
coming 0.1  henry. 

Assume  a desire  to  measure  R 
with  minimum  dependence  on  L.  A 
voltage  is  taken  from  supply  E and 
revolved  through  an  angle  ij/  to  get 


FIG.  4 — Ideal  bridge  output  Toltage 


FIG.  5 — Grid-type  of  bridge-voltage 
chart,  with  arcs  replacing  straight  lines 


eg.  Then  by  Eq.  1,  voltages  of  this 
phase  will  have  maximum  effect  on 
Eo,  and  those  at  90  degrees  will 
have  zero  effect. 

Furthermore,  the  only  com- 
ponent of  e that  registers  on  Eo 
is  the  component  B'N.  Now,  B^N  is 
of  exactly  the  same  magnitude  as 
the  unbalance  voltage  which  would 
result  from  the  unbalance  of  the 
resistance  alone.  Thus  variations 
of  inductance  have  zero  effect  on 
the  output  voltage  Eo,  as  required. 
A positive  Eo  means  that  R is 
greater  than  400  ohms;  a negative 
Eo  means  that  R is  less  than  400 
ohms.  A voltmeter  reading  Eo  could 
be  calibrated  linearly  in  ohms  re- 
sistance unbalance. 

A separate  discriminator  and 
phase  shifter  could  be  used  in  the 
same  way  to  measure  inductance 
(reference  voltage  e'«). 

Such  a system  would  lend  itself 
ideally  to  an  automatic  limit  test 
set,  say  rejecting  all  product  with 
resistance  above  400  ohms,  and/or 
inductance  below  0.4  henry.  Unfor- 
tunately, the  rectangular  character 
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of  the  voltage  chart  of  Fig.  4 can 
seldom  be  approximated  for  prac- 
tical bridges. 

Behavior  of  Typical  Bridges 

Practical  bridge  voltage  charts 
appear  here  in  two  forms,  the  grid 
type  of  Fig.  5,  and  the  calibrated- 
arc  type  of  Fig.  6.  Figure  6 is  read 
in  the  same  manner  as  the  chart  of 
Fig.  4,  with  arcs  replacing  the 
straight  lines. 

Figure  6 is  read  in  the  following 
manner : each  end  of  the  unbalance- 
voltage  vector  e is  located  by  a 
point  on  one  of  the  calibrated  arcs. 
The  example  shown  is  for  L = 0.2 
henry,  R = 600  ohms. 

For  measurement  of  R,  with 
a minimum  of  error  caused  by 
variations  of  L,  let  be  the  same 
phase  as  the  line  tangent  to  the 
balance-arc  L = 0.4  as  drawn  in 
Fig.  5.  The  unbalance  voltage  e is 
shown  for  the  same  case  as  in  Fig. 
4,  L = 0.1  henry  and  R = 300  ohms. 
But  this  time  the  component  of  e in 
phase  with  e*  is  positive  in  direc- 
tion. Hence  Eo  is  positive,  errone- 
ously indicating  that  R is  greater 
than  400  ohms. 

The  correct  negative  polarity  is 
not  assumed  by  Eo  until  the  induct- 
ance is  increased  to  about  0.3  henry. 
Voltage  Eo,  which  should  be  an  ac- 
curate index  of  the  constant  resist- 
ance unbalance,  varies  widely  as  the 
inductance  changes,  and  it  even  as- 
sumes the  wrong  polarity  for  large 
deviations  of  inductance. 

Assume  the  precision  of  the  test 
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FIG.  6 — Colibrat«d-are  chart  for  anoth* 
•r  brldfr*  drcnit 


must  be  ±1  percent.  Product  hav- 
ing a resistance  of  404  ohms  would 
be  accepted  were  L to  increase 
slightly  from  0.4  henry;  or  resist- 
ances of  396  ohms  would  be  rejected 
were  L to  decrease  slightly  from  0.4 
henry.  Inductive  unbalance  here 
can  result  in  two  undesirable  ac- 
tions: rejection  of  good  product 
and  acceptance  of  defects. 

An  alternative  setting  of  e*  sug- 
gests itself:  at  a phase  angle  such 
that  Bb  is  normal  to  the  balance-arc 
R — 400  ohms.  In  such  a case,  in- 
ductive unbalance  could  not  lead  to 
the  acceptance  of  faulty  product. 
But  it  could  lead  to  rejection  for 
resistance  under  400  ohms,  an 
equally  unsatisfactory  condition. 

A judicious  choice  of  the  phase 
of  Bb  is  desirable.  The  main  factors 
influencing  this  choice  are  the  pre- 
cision demanded  in  measurement  of 
R,  the  expected  deviation  of  L in 
normal  production  runs,  and  the 
relation  of  one  variable  to  the  other. 
For  instance,  other  things  being 
equal,  R could  reasonably  be  ex- 
pected to  be  larger  when  L is 
larger. 

A helpful  step  would  be  redesign 
of  the  bridge  to  have  more  favor- 
able characteristics.  In  this  ex- 
ample, the  R = constant  arcs  should 
be  made  flat  enough  that  the  phase 
angle  of  Bb  is  not  critical.  However, 
this  special  bridge  design  might 
lead  to  unfavorable  characteristics 
in  the  measurement  of  L.  Failing 
an  acceptable  compromise,  the  easi- 
est solution  is  to  switch  the  product 


FIG.  8 — Current  branches . set  up  by 
high-Impedance  detector 


into  another  bridge  designed  spe- 
cifically for  the  measurement  of  L. 

Self~Balancmg  Considerations 

The  preceding  discussion  applies 


FIG.  7 — Self-bolandng  bridge  arrangement  in  which  serromotors  drire  the  TorioUe 

standards 
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CIRCUIT 
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FIG.  10 — In  coses  (B)  and  (C)  if  £i  is  across  Ra,  where  Ao  = Ba  + At.  multiply  both 
center  coordinates  by  Ra/Ro. 

If  El  is  across  Xa  in  (E)  and  (F).  where  Xo~  Xa  -h  Xt,  multiply  both  center  coordi- 
notes  by  XjXo. 

In  (G)  and  (H)  b is  susceptance  and  g is  conductance 


primarily  to  a limit-type  measure- 
ment. However,  suppose  the  roles 
of  the  standard  and  unknown  ele- 
ments in  the  bridge  are  reversed.  An 
impedance  is  to  be  measured  and 
the  grid  chart  of  Fig.  5 applies  to 
the  settings  of  the  variable  bridge 
standards.  Further,  let  each  stand- 
ard be  driven  by  a servomotor 
whose  direction  of  rotation  depends 
on  the  polarity  of  Eo  -in  its  own  par- 
ticular channel,  and  which  tends  to 
reduce  the  unbalance,  as  in  Fig.  7. 

The  reference  voltage  is  E and 
the  phase  shifting  is  done,  as  is 
generally  preferable,  in  the  bridge 
signal  circuits.  (The  net  operation 
of  the  system  remains  identical  to 
that  with  the  shifting  done  in  the 
reference  voltage  circuit).  For  an 
average  bridge,  esL  and  Bsr  are  set 
about  90  degrees  different  in  phase. 

In  general,  both  servomotors  will 
run  in  the  correct  direction  for  a 
prompt  balance.  It  is  possible,  how- 
ever, for  one  motor  to*  run  in  the 
wrong  direction  temporarily.  But 
final  balance  is  nevertheless 
achieved.  To  illustrate,  in  Fig.  5, 
the  unbalance  voltage  e for  R = 300 
ohms,  L = 0.1  henry,  has  a positive 
component  along  e^.  But  it  should 
have  a negative  one,  because  R is 
less  than  400  ohms,  and  since  the 
servo  in  Fig.  7 is  connected  to  de- 
crease resistance  for  positive  Eo. 
The  variable  resistance  standard 
would  seemingly  be  driven  to  its 
lower  limit  and  stay  there.  But 
meanwhile,  the  L servo  has  steadily 
been  reducing  the  inductance  un- 
balance. As  this  happens,  the  R 
servo  slows  down,  stops,  and  then 
begins  to  rotate  in  the  right  direc- 
tion. Thus  balance  is  finally  ob- 
tained. 

As  both  servos  approach  balance, 
they  become  progressively  more  in- 
dependent of  each  other,  due  to  the 
phase  discrimination  in  each  chan- 
nel. This  works  against  interactive 
hunting,  which,  however,  is  not  a 
great  problem  at  moderate  sensi- 
tivities. Thus  the  self-balancing 
bridge  always  reaches  a true  null  if 
the  unknown  impedance  is  within 
the  range  of  the  bridge.  The  effect 
of  one  test  component  on  the  accur- 


acy of  measurement  of  the  other 
component  is  eliminated,  precisely 
as  in  the  case  of  a manually  oper- 
ated bridge.  This  is  the  main  ad- 
vantage of  this  type  over  the  simp- 
ler, cheaper  limit  bridge. 

For  limit-type  measurements,  a 
directional  relay  is  the  usual  termi- 
nal device.  It  may  be  of  the  meter 
type  or  of  the  standard  sensitive 
relay  type. 

The  use  of  germanium  diodes 
such  as  the  1N35  in  the  discrimi- 
nator results  in  a very  stable  zero 
point.'  In  general,  d-c  amplification 
of  Eo  means  a sacrifice  of  this  sta- 
bility, so  that  Eo  should  be  im- 
pressed directly  on  the  terminal 


device  when  possible.  For  self-bal- 
ancing bridges,  unless  a d-c  servo 
is  used,  Eo  must  drive  a d-c  to  a-c 
converter. 

In  the  equipment  illustrated 
in  the  photographs,  one  of  four  sec- 
tions includes  a self-balancing 
Owens  bridge.  The  variable  stand- 
ards are  both  resistive. 

The  true  terminal  device  in  a 
self-balancing  test  is  the  one  which 
electrically  indicates  the  position  of 
the  driven  standards  when  null  is 
obtained.  An  arrangement  of  con- 
tacts actuated  by  the  driven  shafts 
is  a possible  solution.  This  may 
mean  a critical  mechanical  setup, 
however. 
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In  the  equipment  illustrated,  the 
problem  has  been  met  on  an  elec- 
trical basis.  Achievement  of  bal- 
ance is  signified  by  the  operation  of 
a relay  which  senses  the  absence  of 
unbalance  voltage  via  an  auxiliary 


FIG.  11 — Addition  of  the  two  voltage 
vectors  to  provide  £3 


K - E,  ■■•j---  Ej  -j 
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E, 1 


(I*l0)  VOLTS 


-asorotT' — I 


FIG.  12 — Circuit  employed  in  text  Ex- 
ample 1 


unbalance  voltages  is  notoriously 
tedious.  Since  the  voltage  to  be  de- 
termined is  the  difference  between 
two  much  larger  potentials  (the 
potentials  of  the  comers  across 
which  the  detector  is  connected), 
any  error  in  the  calculation  of  cor- 
ner potentials  represents  a much 
larger  error  in  unbalance  voltage. 
Thus  a series  of  slide-rule  calcula- 
tions' is  apt  to  be  significantly  in 


current  branch.  These  points  are 
the  two  bridge  corners  across  which 
the  detector  is  connected.  The  other 
two  corners  are  common  to  both 
current  branches.  Let  one  be  as- 
signed zero  potential,  and  the  other 
1.0  volt.  The  frequency  will  not  be 
specified,  since  it-  enters  directly 
into  the  expressions  for  reactance. 
The  majority  of  bridges  do  not 
have  intentional  coupling  between 


FIG.  13 — Grid  chart  provides  £3  for  any  value  of  Hi  and  Li 


circuit;  this  relay  initiates  a 
switching  system  which  transfers 
each  Helipot  into  a simple  d-c  limit 
bridge.  The  d-c  resistance  indica- 
tions then  actuate  the  proper  subse- 
quent accept-reject  circuits.  The 
d-c  bridges  themselves  are  accurate 
to  0.1  percent  and  are  easily  adjust- 
able. 

The  overall  action  of  the  test  is 
analogous  to  the  use  of  calipers  to 
transfer  a certain  length  from  an 
awkward  to  a convenient  location 
for  measurement.  Here,  inductance 
and  effective  resistance  are  trans- 
lated into  d-c  resistance,  and  then 
transferred  to  convenient  measur- 
ing circuits  as  separate  items.  The 
same  principle  can  be  used,  no 
matter  what  the  driven  variable 
standard  is,  by  mounting  a pilot 
rheostat  on  the  driven  shaft. 

Unbalance  Voltages 

Numerical  computation  of  bridge 


error.  Also,  an  attempt  to  correlate 
such  a series  of  results  usually 
leads  to  some  form  of  graphical 
representation.  For  these  reasons, 
a direct  graphical  approach  is  gen- 
erally simplest  and  most  flexible.  A 
vectorial  method  especially  appli- 
cable to  bridge  problems  will  be  pre- 
sented here.  Better  than  slide  ac- 
curacy is  readily  obtainable  on  let- 
ter size  paper. 

Accurate  determination  is  best 
obtained  by  direct  experiment  or 
detailed  algebraic  analysis.  For 
this  reason  we  will  neglect  small 
residuals.  In  practical  cases,  a 
vacuum-tube  detector  is  used.  The 
resultant  high  detector  impedance 
permits  a valuable  simplification  in 
bridge  calculations:  the  bridge  can 
be  considered  to  consist  of  two  en- 
tirely separate  current  branches  as 
shown  in  Fig.  8. 

We  are  interested  in  the  relative 
potentials  of  two  points,  one  in  each 


current  branches,  therefore  this 
complicating  case  will  not  be 
treated  here. 

Unbalance-Voltage  Charts 

Considering  one  current  branch 


FIG.  14 — Chart  of  Fig.  13  con  be  ap- 
plied to  this  bridge  circxiit 
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only,  we  may  represent  the  poten- 
tial of  the  mid-way  comer  as 
follows : 

(1)  No  variables.  The  potential 
of  corner  B is  represented  by  a 
point  on  the  plane  as  in  Fig.  9A 
(more  precisely,  by  vector  A'B'). 

(2)  One  variable.  The  potential 
is  represented  by  a point  which 
travels  along  a calibrated  arc  as  in 
Fig.  9B.  The  calibration  marks  cor- 
respond to  the  value  of  the  variable. 

(3)  Two  variables.  The  poten- 
tial of  corner  B is  represented  by  a 
point  which  is  located  by  means  of 
a grid  of  labelled  arcs  as  shown  in 
Fig.  9C. 

Because  of  the  large  number  of 
possible  locations  and  types  of  vari- 
ables, no  further  effort  will  be  made 
to  list  the  combinations  of  variables 
and  the  corresponding  types  of  volt- 
age charts.  The  examples  to  be 
given  will  show  typical  results. 

Basic  Voltage  Arcs 

In  Fig.  10,  a number  of  arcs  are 
shown  and  the  location  of  their 
centers  is  given.  All  these  arcs  pass 
through  the  origin.  They  are  the 
loci  of  the  voltage  vector  Ej.  as  the 
variable  element  in  the  correspond- 
ing circuit  varies  without  limit. 
The  curved  arrow  shows  which  way 
the  vector  head  travels  as  the  vari- 
able element  increases  in  a positive 
direction. 

The  arcs  drawn  represent  the 
loci  when  all  circuit  reactances  are 
positive.  The  coordinates  for  the 
arc-centers  are  correct  providing 
the  correct  signs  are  used  for  the 
various  reactances.  The  locus  may 
shift  to  another  segment  of  the 
circle  if  negative  reactances  are 
present.  However,  the  only  infor- 
mation usually  needed  is  the  ex- 
pression for  center  coordinates. 

The  voltage  vectors  associated 
with  the  elements  along  a common 
current  branch  will  always  bear  a 
constant  phase  relation  to  one  an- 
other since  the  same  current  flows 
in  each  element. 

Theorem  I : Consider  two  vectors 
El  and  £7,  which  have  a constant 
angle  ^ between  them,  and  whose 
ends  are  defined  by  circles  passing 


FIG.  15 — Grid  charts  constructed  for 
text  Example  2 


through  the  origin,  the  circle  cen- 
ters being  at  (x,,  y,)  and  (a;,,  y,) 
respectively,  as  in  Fig.  11.  Addi- 
tion of  El  and  Et  results  in 
a vector  Et  which  also  follows 
a circular  locus.  The  center 
of  the  E,  locus  is  at  [ (Xi  + Xa) , 
(2/i  + ya)].  Further,  the  radius  Ra 
is  given  by  the  expression  shown. 

Two  important  cases  are : 

(a)  When  ^ = 0, 

f?,*  = (Xi  + Xa)*  -H  (yi  + ya)* 

(b)  When  ^ = 90», 

Ra*  = (Xi—Xa)*+  (yi  — ya)* 

The  radius  is  seldom  computed, 
since  it  usually  can  be  determined 
by  inspection. 

EXAMPLE  1.  Required,  Fix.  12:  find  Bt  as  fit 
and  Xi  vary.  This  will  be  done  for  two  conditions; 
(a)  El  free  to  vary,  Xi  takes  temporary  values  Xi'i 

Center  Ei  arc  (Fig.  lOA)  at 

1 R»  “I 

~r  Xi*  + Xf  J 

Center  Ea  arc  (Fig.  lOF)  at 

1 Xi'  1 

,0 

2 Xi'  + Xa  J 

Center  E$  arc  (Tbeor  I)  at 

11  Xi'  1 Rj  "I 
^ ^ 2 Xi'  + X*  '2  Xi'  + Xi  J 

The  radius  need  not  be  computed,  since  by  in- 
spection, whenever  Ri  approaches  00  the  Ei  locus 
approaches  (1,  0). 


tn;  A 1 iree  to  vary,  «i  takes  temporary  values  «r 


Center  Et  arc  (Fig.  IOC)  at 


f-L-  «■'  .o] 

L 2 Ri'  -I-  R,  J 

Center  Et  arc  (Fig.  lOD)  at 
L 2 2 Bi'  + R,  J 

Center  Et  arc  (Theor  I)  at 


r 1 _ 1 Ri'  1 “I 

L 2 2 Ri'  + Rj  ’ 2 Ri'  + Ri  J 

Again,  the  radius  need  not  be  computed,  since 
whenever  X approaches  <*>  the  Et  locus  appro- 
aches (1,0). 


The  arc  centers  can  now  be  plotted  for  various 
numerical  values  of  Ri  and  Xi.  The  graphical  con- 
struction can  be  siieeded  up  by  noting  that  in  each 
case  above  the  Et  arc-centers  fall  on  a straight  line. 
The  line  is  easily  drawn  for  each  case,  (a)  When  Xi'  »■ 
00,  the  line  passes  through  (1,0);  when  Xi'=0, 

/I  Rt  \ 

through  I , I.  (b)  When  Ri'  = » the  line 

\ 2 2 Xa  J 


passes  through  (1,0);  when  Ri'=0,  through 


Only  the  abcissa  of  each  arc-center  need  be  com- 
puted, since  the  center  must  lie  on  the  associated 
line.  Further,  each  arc  may  be  quickly  drawn. 
since  each  is  known  to  pass  through  (1,0). 

Fig.  13  shows  a plot  of  Et,  the  elements  having 
been  given  numerical  values.  The  grid  allows  Et 
to  be  foimd  for  any  fii  and  Li. 

An  immediate  conclusion  is  that  the  chart  also 
applies  to  the  bridge  of  Fig.  14.  Output  voltage 
e is  the  difference  in  potential  between  comers  D 
and  B.  The  grid  gives  the  potential  of  D,  and  that 

of  R is  a fixed  point  at  ( , 0^  for  the  element 

\ 2 / 

shown.  Any  ABC  branch  could  be  accommodated, 
whether  the  potential  of  B were  defined  by  a fixed 
point,  a calibrated  arc,  or  another  grid. 

EXAMPLE  2.  It  is  of  interest  to  let  Xi  of  Fig.  12 
become  negative  (substitute  a capacitor  for  coil  Xi). 
The  line  tmq  of  Fig.  15A  contains  all  the  centers  for 
condition  (a)  of  Example  1,  plus  those  appearing 
for  Xi  negative.  As  Xi  decreases  from  0 to 
1 

Xj,  the  center  travels  from  m to  p.  (See  the 

2 

expression  for  the  arc-center  coordinates).  As  Xi 
closely  approaches  — Xt,  the  center  retreats  to  q 
at  an  infinite  distance;  the  circuit  approaches 
resonance. 

As  Xi  takes  up  values  more  negative  than  — Xt, 
drawing  away  from  resonance,  the  center  appears 
along  tn.  Finally,  as  Xi  approaches  — <*>,  the 
center  again  approaches  (1,0). 

The  arcs  being  swuqg  off  from  these  centers  must 
still  pass  through  (1,6)  as  before.  This  results  in 
the  grids  of  Fig.  15B,  where  Xi  is  between  0 and 

— Xt  ohms;  or  of  Fig.  15C,  where  Xi  is  between 

— Xt  ohms  and  — «, 

For  the  case  of  Fig.  15B,  a convenient  potential 
B'  is  needed.  This  is  readily  obtained  by  putting 
a capacitor  in  arm  AB  and  a resistance  in  arm  BC. 
The  completed  bridge  circuit  becomes  the  standard 
Owens  bridge  of  Fig.  16. 

In  Fig.  15C,  it  is  more  difficult  to  obtain  a suitable 
balancing  i>otential  B'  since  it  must  be  larger  than 
the  supply  voltage  feeding  the  other  current  branch 
ADC.  However,  it  can  be  obtained  in  a number 
of  ways,  and  some  practical  advantage  may  accrue 
from  the  fact  that  Xi  represents  a relatively  small 
capacitance.  If  DC  is  the  test  arm,  and  Xi  and  Ri 
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are  variable  standards,  a variable  air  capacitor  will 
suffice  for  Xi  at  fairly  low  frequencies. 

EXAMPLE  3.  The  Owens  inductance  bridge  is 
often  operated  in  a different  mode  from  that 
mentioned  in  Example  2. 

By  writing  out  the  standard  balance  equations  for 


Center  Et  arc  (Fig.  lOA)  at 

r-— 1 

L 2 2(953)  J L 1.906  J 

Center  Ead  arc  at  I 0.407  , I 

L 1.906  J 


Xi  Xj 

Fig.  16,  it  appears  that »= = constant; 

R*  Rt 

Ri  Xt 

and «■  constant,  so  that  Bj  is  balanced 

Xt  Ri 

by  Xi  and  Xt  is  balanced  by  Ri.  Rather  than 
make  Xi  a variable,  Rt  is  held  constant.  This  is 
done  by  adding  resiatance  from  a calibrated  variable 
to  the  effective  resistance  of  the  test  so  as  to  make 
up  the  correct  balance  resistance.  The  resistance  of 
the  test  can  be  deduced  from  the  setting  of  the 
variable.  Thus  both  inductance  and  effective 
resistance  of  the  test  appear  in  terms  of  a resistance 
setting. 

Required:  draw  a voltage  chart  for  the  bridge  of 
Fig.  16  as  Ri  and  Bt  vary  over  their  ranges. 

(a)  Bi  free  to  vary,  Rt  takes  temporary  values  Rt' 
Center  Ei  arc  (Fig.  lOF)  at 


FIG.  16 — Circuit  of  Owens  bridge 


FIG.  17 — Grid  chart  constructed  for 
Owens  bridge  in  text  Example  3 


When  Bi  approaches  co,  Et  approaches  (1,0),  so 
all  arcs  pass  through  (1,0). 

(b)  Rt  fcee  to  vary,  Rt  takes  temporary  values  Bi'. 
Center  Et  are  (Pig.  lOF)  at 

[t(-^)»]-(— ) 

Center  Et  arc  (Fig.  lOB)  at 


L 2(953)  J \ 1,906  / 

r - Hi'  1 

-0.093, . 

L 1,906  J 


Center  Ead  arc  at 


1,906 

When  Rt  approaches  «>,  Et  approaches  (0,0),  so 
all  arcs  pass  through  (0,0). 

Figure  17  is  a grid  dmwn  for  the  bridge  with  the 
numerical  values  as  shown.  Point  B'  is  located  for 
the  ratio  arms  specified. 

EXAMPLE  4.  Fig.  18  is  the  circuit  of  a con- 
ventional capacitance  comparison  bridge.  Let  Ci 
and  Pi  be  the  capacitance  and  conductance  of  arm 
AD  and  let  them  be  free  to  vary.  Fixed  values 
Ct  and  Pi  are  in  arm  DC.  To  draw  an  output 
voltage  chart; 

(a)  Pi  free  to  vary,  Ci  takes  temx>orary  values  Ci'. 

Center  of  Ead  arc  (Fig.  lOG)  at 
.Ct  1 


(t 


2 <0  Cl'  -f-  6>Ci  2 u Cl'  <a  Ct  / 

All  arcs  pass  through  (0,0)  per  Fig.  lOG. 

The  line  containing  the  arc-centers  is  easily 
drawn  in ; when  Ci'  approaches  , line  passes 
through  (0,0);  when  Ci'  = 0,  through 


(b)  Cl  free  to  vary,  pi  takes  temporary  values  pi'. 
Center  of  Ead  arc  (Fig.  lOH)  at 


All  arcs  pass  through  (0,0)  per  Fig.  lOH. 

To  draw  the  line  containing  the  arc-centers: 
when  pi'  approaches  <»,  line  passes  through 

(0,0) ; when  pi'  =0,  through 

Figure  19  is  a grid  drawn  for  this  bridge  with  the 
elements  having  values  as  shown.  It  is  a matter  of 
choice  whether  the  grid  is  regarded  as  applying  to 
the  excursions  of  the  test  impedance,  a given  com- 
parison standard  being  used,  or  the  excursions  of 
variable  standards,  the  test  impedance  being  fixed. 

EXAMPLE  5.  Figure  20A  is  the  circuit  of  a 
Maxwell  inductance  bridge.  The  test  item  is  in 
the  D-C  arm.  A common  mode  of  oi>eration  is  to 
vary  Ci  for  reactive  balance,  and  to  add  a calibrated 
resistance  to  that  of  the  test  item  such  that  the 
total  resiatance  in  the  D-C arm  is  correct  for  balance. 

Required:  draw  an  unbalance-voltage  chart  fcr 
this  bridge,  the  test  item  having  specified  char- 
acteristics while  Cl  and  Rt  vary  throughout  their 
ranges. 

There  is  only  one  variable  per  current  path  so 
this  will  lead  to  a calibrated-arc  type  chart.  A cali- 
brated arc  is  merely  a rudimentary  grid  in  which 
(me  family  of  arcs  is  reduced  to  a aing^  arc,  and 
the  other  is  reduced  to  a set  of  calibrati(m  marks. 
The  simplest  way  to  draw  and  calibrate  an  arc  is 
to  proceed  as  if  a grid  were  being  drawn. 

ABC  branch: 

(a)  Cl  varies,  pi  constant.  (Main  arc) 


Center  Eab  are  (Fig.  lOH)  at 


(b)  Although  pi  is  not  a variable,  let  it  be  free  to 
vary,  that  is,  not  define(L  Ci  takes  values  Ci'. 
(Cidibration  arcs) 

1 —a* 

Center  Eab  arcs  CFig-  lOQ)  at 


\ 2 pi  -f  p*  / 

, let  it  be  free  to 
takes  values  Ci'. 

(«•-—) 

\ 2 w Cl'  / 


ADC  branch: 

(a)  Bi  varies,  Xt  constant.  (Main  arc) 

/ 1 - Bi 

Center  Ead  arc  (Fig.  lOB)  at  I 0 , 

\ 2 uLt 

(b)  As  above,  let  Xt  be  free  to  vary,  Bt  takes  values 
Bt'  (calibration  arcs). 


FIG.  18 — Circuit  oi  copacitance-compar- 
ison  bridge 


FIG.  19 — Grid  chart  constructed  for  co- 
pacitance  bridge  of  text  Example  4 


FIG.  20 — Circidt  of  Maxwell  inductance 
bridge,  and  unbolemce-Toltage  chart 
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Center  Ead  arcs  (Fig.  IOC)  at 

1 Ri  \ 

.0) 

2 + Rt'  ) 

Figure  20B  is  a chart  drawn  for  the  numerical 
values  shown. 

Each  example  presented  the  be- 
havior of  bridge  unbalance  volt- 
age e as  bridge  parameters  varied. 
However,  the  number  of  variables 
was  limited  to  two.  A chart  might 
be  required  for,  say,  the  inductance 
bridge  of  Fig.  14,  when  there  are 
four  variables  present,  two  vari- 
ables in  the  item  under  test  plus  the 
two  variable  standards. 

for  Cases  Involving 
More  Than  Two  Variables 

The  test  item  and  the  variable 
standards  may  be  in  different  cur- 
rent branches.  This  is  the  current- 
bridge  connection,  so-called  because 
at  balance  the  current  through  the 


test  is  readily  computed  when  the 
total  supply  current  is  known.  A 
grid  can  be  drawn  for  each  current 
path,  and  e is  thus  determined,  each 
end  of  the  vector  being  located  by 
one  of  the  grids.  Thus  up  to  four 
variables  per  bridge  can  be  accom- 
modated providing  that  there  are 
no  more  than  two  per  current 
branch. 

The  test  item  and  the  variable 
standards  may  be  in  the  same  cur- 
rent branch.  This  is  the  voltage 
bridge  connection,  so-called  because 
at  balance  the  voltage  across  the 
test  is  readily  computed  when  the 
supply  voltage  is  known.  (While  a 
balanced  bridge  remains  balanced 
for  either  supply  connection,  the 
unbalance  voltages  in  general  do 
not  correspond.)  Here,  the  presence 
of  four  interacting  variables  pre- 
cludes two-dimensional  graphical 


representation;  we  must  resort  to 
the  determination  of  voltages  for 
particular  conditions  of  interest. 

In  such  a case,  graphical  deter- 
mination of  voltages,  one  by  one, 
presents  about  the  same  amount  of 
labor  as  straight  algebraic  methods. 
However,  if  entirely  complete  data 
is  not  essential,  much  pertinent  in- 
formation on  voltage  trends  can  be 
obtained  by  drawing  several  grids, 
selecting  values  of  interest  for  two 
of  the  variables  and  letting  the 
other  two  vary  freely.  If  a large 
number  of  points  were  computed 
algebraically  and  then  correlated 
graphically,  we  would  finally  arrive 
at  just  such  a.  set  of  grids. 
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Electronic  Circuit  has  Logarithmic  Response 

By  A.  W.  NOLLE 


Instruments  for  measurements  in 
communications  and  acoustics  are 
most  useful  if  their  indicating  me- 
ters have  uniform  decibel  scales; 
that  is,  if  they  are  logarithmic  in- 
struments. Such  instruments  are 
more  versatile  if  the  voltages  that 
they  develop  are  logarithmically  re- 
lated to  their  inputs,  instead  of  the 
uniform  decibel  scale  being  obtained 
by  modification  of  the  meter  move- 
ment. The  output  voltages  can  then 
be  applied  to  recording  instruments 
or  to  oscilloscopes,  thus  extending 
the  forms  in  which  the  logarithmic 
presentations  can  be  made. 

Conventional  circuits  for  this  ap- 
plication use  nonlinear  components 
such  as  pentode  amplifiers,^  grid- 
cathode  rectification  in  triodes,^  and 
copper-oxide  rectifiers.*  The  circuit 
described  herein  uses  the  exponen- 
tial characteristics  with  time  of  a 
resistance-capacitance  circuit,  thus 
obtaining  logarithmic  response 
from  an  inherent  property  of  the 
circuit  rather  than  from  an  approxi- 
mate characteristic.  The  exponent- 


FIG. 1 — (A)  Response  to  a repetitiye  square 
wave,  and  (B)  sampling  action 


ial  response  to  square-wave  exicita- 
tion  of  R-C  and  R-L-C  circuits  is 
familiar  and  need  not  be  reviewed 
here. 

Basis  of  Operation 

The  exponentially  decreasing  out- 
put voltage  Er  of,  for  example,  an 
R-C  circuit  is  Er  = E„  e^p  —t/RC 
where  Eo  is  the  initially  applied 
voltage,  the  time  Tk  required  for 
the  output  to  decay  to  an  arbitrary 
value  Er  is  Tr  = RC(lnEo  — ItiEr). 
This  equation  is  the  basis  for  the 
logarithmic  circuit.  If  either  the 
applied  voltage  or  the  arbitrary 
smaller  voltage  is  made  a constant 
of  the  apparatus,  the  partial  decay 
time  Tk  becomes  a linear  function 
of  the  logarithm  of  the  other  volt- 
age. In  practice  it  is  simpler  to  fix 
Er  and  to  use  Eo  as  the  variable  to 
whose  logarithm  the  instrument  re- 
sponds. The  instrument  is  then  de- 
signed so  that  a measurement  re 
made  of  the  time  interval  for  the 
voltage  under  test  to  decay  to  a 
standard  value.  This  one  measure- 
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merit  is  sufficient  to  give  the  loga- 
rithm of  the  amplitude  of  the  volt- 
age. 

Practical  Circuit  Design 

Because  most  voltages  that  are 
to  be  measured  vary  with  time  and 
because  continuous  indications  are 
usually  desired,  it  is  necessary  to 
repeat  the  process  continuously. 
When  this  is  done,  a succession  of 
time  measurements  is  delivered  to 
the  final  indicating  device  in  such 
electrical  form  that  an  averaged  in- 
dication of  its  logarithmic  level  is 
always  presented. 

The  repetitive  action  can  be  pro- 
duced simply  by  applying  a square 
wave  whose  amplitude  is  propor- 
tional to  that  of  the  input  signal  to 
an  R-C  or  R-L  circuit.  The  output 
from  an  R-C  circuit  is  shown  in 
Fig.  lA  in  relation  to  an  applied 
square  wave  of  amplitude  Es.  Be- 
cause the  capacitor  does  not  charge 
completely  each  half  cycle,  the  peak 
output  voltage  Eo  = Esil  + F) 
where  F = tanh(r/4i2C),  T being 
the  period  of  the  applied  square 
wave.  At  the  end  of  each  half  cycle 
the  voltage  has  decayed  to 
Esil  — F).  In  practice  the  log- 
arithmic response  circuit  must  be 
designed  so  that  F is  nearly  equal 
to  unity  if  differences  of  the  order 
of  20  db  are  to  be  registered.  Thus 
the  peak  output  voltage  of  the  R-C 
circuit  is  essentially  equal  to  the 
peak-to-peak  amplitude  of  the 
square  wave. 

The  time  required  for  the  output 
voltage  of  the  R-C  circuit  to  decay 
to  the  fixed  value  E^  is  Tk.  Measure- 
ment of  Tk  will  give  the  correct  in- 
dication of  the  logarithmic  ampli- 
tude of  the  square  wave  provided 
that  the  peak  voltage  Es(l  F)  is 
(1)  greater  than  the  reference  volt- 
age Ek  but  (2)  small  enough  that 
the  interval  Tk  is  less  than  half 
a cycle. 

Figure  IB  shows  a method  for 
obtaining  a signal  indicative  of  Tk. 
An  indicator  circuit  is  so  arranged 
that  current  of  constant  amplitude 
flows  through  an  indicating  instru- 
ment, such  as  a d-c  meter,  as  long 
as  the  output  of  the  R-C  circuit  is 
greater  than  Ek.  The  output  of  the 


indicator  circuit  is  thus  a pulse 
train  modulated  in  width  in  pro- 
portion to  the  logarithm  of  the  amp- 
litude of  the  initial  square  wave. 
The  average  value  of  this  pulse 
train  produces  the  proper  steady 
deflection  of  the  indicating  instru- 
ment. If  the  calibration  of  the  in- 
strument is  to  remain  fixed,  it  is 
essential  that  the  period  of  the 
square  wave  be  constant. 

There  are  several  other  practical 
considerations : The  square-wave 
generator  feeding  the  R-C  circuit 
must  have  a constant  internal  re- 
sistance. Full-wave  operation  can 
be  obtained  if  the  indicating  circuit 
operates  on  both  halves  of  the 
square  wave,  responding  to  Ek,  then 
to  —Ek.  The  meter  deflection  per 
db  can  readily  be  controlled  by  vary- 
ing the  resistance  of  the  R-C  cir- 
cuit. The  absolute  level  of  the  me- 
ter scale  can  be  controlled  by  the 
amplification  of  the  input  signal  and 
by  the  magnitude  of  the  bucking 
current  through  the  meter,  which 
should  be  large  enough  that,  in  the 
absence  of  signal  input,  the  indi- 
cating element  will  be  off  scale  so 
as  to  avoid  ambiguity. 

A Specific  Circuit 

Figure  2 shows  the  diagram  of  a 
specific  circuit  which  has  a log- 
arithmic range  of  more  than  20  db. 
This  circuit  is  designed  for  measur- 
ing alternating  voltages  and  there- 
fore is  provided  with  an  a-c  ampli- 
fier stage  and  a balanced  voltage- 
doubler  rectifier.  This  rectifier  con- 
verts the  signal  into  direct  voltages 
at  A and  B that  are  positive  and 
negative  respectively  by  equal 
amounts  as  compared  to  the  average 
potential  at  D. 

A limiting  amplifier,  excited  by 
the  high  voltage  from  the  power 
transformer,  develops  a square 
wave  at  D whose  peak-to-peak  am- 
plitude closely  equals  the  voltage 
difference  between  A and  B because 
of  the  action  of  the  limiting  diodes. 
A variable  bias  current  is  obtained 
from  G to  assure  that  both  the  recti- 
fying and  the  limiting  diodes  oper- 
ate only  within  their  linear  regions. 
This  bias  is  desirable  to  avoid  op- 
eration of  the  diodes  in  their  low- 


FIG.  2 — Circiiit  diagram  of  instrument  hav- 
ing full-scale  response  of  20  db 


current  regions  where  there  is  con- 
siderable variation  of  plate  re- 
sistance, thus  improving  the  linear- 
ity of  the  circuit  at  low  levels.  The 
rectifier-limiter  circuit  is  adjusted 
so  that  changes  of  input  level  pro- 
duce very  little  variation  of  direct 
voltage  level  at  D. 

The  portion  of  the  circuit  de- 
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scribed  thus  far  generates  a con- 
stant-frequency (60  cps)  square 
wave  whose  amplitude  is  propor- 
tional to  that  of  the  input  signal. 
This  square  wave  is  amplified  and 
applied  to  the  R-C  circuit.  The  ef- 
fective resistance  of  this  circuit  in- 
cludes the  generator  impedance  con- 
tributed by  the  amplifier  stage.  Re- 
sistance R is  adjustable  so  that  the 
desired  scale  factor  can  be  obtained 
on  the  indicating  instrument.  The 
circuit  is  terminated  on  a low-im- 
pedance bleeder  that  provides  the 
reference  Ek>  The  values  shown 
produce  a 20-db  scale  on  a 1-ma 
meter ; a 30-db  scale  can  be  obtained 
by  reducing  the  30,000-ohm  fixed  re- 
sistor to  15,000  ohms  and  adjusting 
Ek  to  about  6 volts. 

The  output  of  the  R-C  circuit 
feeds  a two-stage  directly  coupled 
amplifier.  In  the  absence  of  signal 
the  reference  voltage  Ek  at  the  grid 
of  the  first  stage  acts  to  cut  off  the 
second  stage.  The  plate  of  the  sec- 
ond stage  is  then  at  a higher  po- 
tential than  the  indicating  instru- 
ment circuit  at  H and  no  current 
passes  the  diode.  When  signal  is 
present,  the  second  stage  of  the  d-c 
amplifier  conducts  whenever  the 
output  of  the  R-C  circuit  is  less 
than  its  average  value  by  at  least 
Ek.  During  these  intervals,  con- 
stant current  passes  through  the 
meter  M.  Neon  bulb  N regulates 
this  constant  current.  Control  X 
determines  the  magnitude  of  re- 
verse meter  current  employed  to 
place  the  zero  off  scale ; it  may  be 
used  as  a fine  adjustment  to  set  the 
end  of  the  scale  to  correspond  to  a 
specified  input  voltage. 

Response  of  the  Meter 

The  frequency  response  of  the 
instrument  and  its  absolute  sensi- 
tivity within  gross  limits  are  de- 
termined by  the  input  amplifier, 
which  is  conventional.  The  full- 
scale  indication  of  the  instrument 
as  shown  in  the  circuit  diagram 
corresponds  to  an  input  of  about  3 
rms  volts. 


With  the  instrument  adjusted 
for  a 30-db  scale,  it  is  accurate 
within  0.1  db  over  the  top  20  db. 
If  the  linearity  control  is  properly 
adjusted,  this  accuracy  can  be  ex- 
tended over  the  full-scale  range. 
Thus,  while  it  is  possible  to  secure 
substantially  ideal  performance 
over  a 30-db  range,  this  result  is 
only  obtained  by  cafeful  correction 
of  the  rectifier  and  limiter  diodes. 
Therefore  the  circuit  is  shown  for 
a 20-db  scale  for  which  critical  ad- 
justments are  unnecessary.  The 
sensitivity  of  the  instrument  to  line 
voltage  changes  is  0.07  db  per  volt, 
which  represents  a uniform  scale 
drift. 


Design  Limitations 

The  serious  source  of  error  is  the 
rectifier-limiter  circuit.  The  portion 
of  the  meter  following  the  rectifier- 
limiter  circuit  of  Fig.  2 is  accurate 
within  ±0.2  db  over  a 30-db  range. 

If  it  were  required  to  redesign 
the  meter  for  a 30-db  range,  an  in- 
put stage  having  a larger  output 
capability  than  the  6SJ7  would  be 
necessary  so  that  the  rectifiers  and 
limiters  could  be  operated  farther 
into  their  linear  ranges.  If  this 
were  done,  the  square  wave  would 
have  to  be  attenuated  before  going 
to  the  grid  of  the  6V6  power  stage. 

The  maximum  useful  range  of  the 
logarithmic  circuit,  which  begins 
after  the  limiter  diodes,  is  deter- 
mined by  the  finite  on-off  sensitivity 
of  the  d-c  amplifier.  This  sensitivity 
is  of  the  order  of  0.1  volt,  and  must 
be  small  compared  to  Ex  in  order 
that  sharply  defined  pulses  be  pro- 
duced. Thus  there  is  a lower  limit 
to  Ek  of  about  3 volts.  If  the  work- 
ing range  of  the  circuit  is  to  be  as 
much  as  40  db,  the  peak-to-peak  un- 
distorted output  of  the  square-wave 
amplifier  must  be  greater  than  3 
volts  by  the  40  db  plus  a safety 
margin  of  about  3 db,  or  400  volts 
peak-to-peak.  Because  of  this  re- 
quirement, a reasonably  portable 
instrument  is  limited  to  about  30 
db  full  scale. 


The  R-C  filters  between  the  recti- 
fiers and  the  limiters  are  important 
to  prevent  slow  periodic  variations 
of  the  instrument  indication  at  cer- 
tain input  frequencies.  When  the 
input  frequency  is  nearly  a multiple 
of  the  60-cps  square  wave,  ripple  in 
the  rectifier  output  is  sampled  in 
stroboscopic  fashion  in  the  limiting 
process.  Thus  a 10-percent  ripple 
component  in  the  rectifier  output 
could  produce  a cyclic  1-db  variation 
in  the  instrument  indication. 

These  R-C  filters  are  the  chief 
factors  in  limiting  the  speed  of  re- 
sponse of  the  instrument ; the 
values  for  them  shown  in  Fig.  2 are 
commensurate  with  the  mechanical 
performance  of  usual  milliamme- 
ters.  If  more  rapid  response  were 
desired  for  operation  of  a high- 
speed recorder  or  for  presentation 
of  the  results  on  an  oscilloscope,  it 
would  be  necessary  to  redesign  the 
instrument  for  operation  at  a 
higher  square-wave  frequency.  This 
change,  although  increasing  the  cir- 
cuit complexity,  would  produce  a 
faster  response  by  providing  more 
rapid  sampling  and  by  permitting 
reduction  of  the  time  constants  of 
the  R-C  filters. 
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High-Frequency  Crystal  Voltmeter 

By  B.  F.  TYSON 


A CRYSTAL  voltmeter  is  useful  in 
measuring  the  gain  and  response 
characteristics  of  the  r-f  and  i-f 
circuits  in  f-m  and  television  re- 
ceivers, Such  an  instrument  is 
physically  sipall,  and  when  built  in 
probe  form  can  be  easily  connected 
to  the  point  of  measurement.  In- 
herently, it  has  high  sensitivity  and 
when  used  with  a 10-microampere 
meter  will  indicate  r-f  voltages  as 
low  as  0.05  volt. 

The  voltmeter  described  here 
uses  a type  1N28  crystal  rectifier 
connected  as  shown  in  the  circuit 
diagram  of  Fig.  1.  Other  crystals 
such  as  types  1N21  or  1N25  can 
also  be  used.  On  the  input  side, 
load  resistor  i2,  and  a ceramic  d-c 
blocking  capacitor  Cx  are  built  into 
the  probe.  On  the  output  side,  the 
r-f  components  of  the  rectified  cur- 
rent are  bypassed  to  ground 
through  a button  mica  capacitor 
and  the  direct  current  to  the  micro- 
ammeter is  filtered  by  resistor 
and  a button  mica  capacitor  Ca. 

The  physi&al  arrangement  of  the 
various  parts  is  shown  in  the  cross- 
section  assembly  view  of  Fig.  2. 
The  smaller  diameter  half  of  the 
probe  has  the  ground  and  high 
potential  input  tabs  and  contains 
the  blocking  capacitor  and  load  re- 
sistor. The  shielded  microammeter 
lead  is  brought  out  of  the  other  half 
which  houses  the  button-type  by- 
pass and  filter  capacitors  and  the 
filter  resistor.  Note  that  the  large 
end  of  cylinder  B is  made  to  slide 
fit  into  cylinder  A and  a clip  from 
an  octal  socket  is  soldered  to  the  end 
of  the  100-/i/u,f  Ceramicon  capacitor 
to  receive  the  contact  of  the  crystal. 
The  larger,  probe  end  of  the  crystal 
is  held  firmly  by  a finger  contactor. 
Thus,  the  entire  probe  is  separable 
near  its  center  for  easy  insertion  of 
the  crystal  cartridge. 

Fig.  3 is  a typical  calibration 
curve  of  the  crystal  voltmeter  using 
a 1N28  crystal.  Measured  charac- 
teristics of  several  1N28  crystals 


FIG.  1 — Cireidt  of  cryital  Tolt- 

mofor 


FIG.  2 — Crystal  probe  assembly  consists  of 
two  cylinders  machined  so  the  end  of  one 
slides  inside  the  other  for  rapid  replace- 
ment of  crystal  cartridge 

indicate  that  their  sensitivities  are 
in  the  order  of  700  to  1,200  micro- 
amperes per  volt  squared  and  that 
they  have  square-low  input-output 
characteristics  wily  for  inputs  up 
to  approximately  0.1  volt.  The  com- 
pact construction  of  the  probe, 
minimizes  lead  inductances  and 
stray  capacitances,  and  the  low 
value  of  load  resistance,  270  ohms, 
serve  to  maintain  an  input-output 
characteristic  substantially  inde- 
pendent of  frequency  from  50  me  to 
at  least  250  me.  At  frequencies  be- 
low 50  me,  the  response  falls  off 
gradually. 

The  crystal  voltmeter  has  been 
checked  for  susceptibility  to  burn- 
out. Peak  surges  of  600  volts  d-c  or 
130  volts,  60-cycle  a-c  have  shown 
no  effect  on  the  calibration.  Like- 
wise, it  has  been  determined  that 
the  crystal  can  withstand  r-f  volt- 
ages to  produce  approximately  1 ma 
of  direct  current,  without  effect  on 


FIG.  3 — Typical  calibration  curve  of  the 
crystol  voltmeter  using  a 1N28  crystal 


calibration.  Higher  r-f  voltages, 
or  mechanical  shocks  may,  of 
course,  cause  a change  in  calibra- 
tion or  permanent  damage. 

The  crystal  voltmeter  is  intended 
for  observation  of  r-f  voltage  across 
low  impedances  such  as  the  output 
terminals  of  a signal  generator  or 
a low-resistance  plate  load  of  an 
amplifier  tube.  Care  should  be  ex- 
ercised in  connecting  the  probe  for 
high  radio-frequency  measure- 
ments to  avoid  excessive  lead  length 
and  the  addition  of  stray  capaci- 
tance. When  making  measurements 
at  low  frequencies,  say  below  50  me, 
it  should  be  remembered  that  the 
100-/i/xf  d-c  blocking  capacitor  has 
appreciable  series  reactance.  It 
will  be  observed  that  the  action  of 
the  nuicroameter  needle  is  somewhat 
sluggish  due  to  damping  by  the 
crystal  resistance.  A short  time 
should  therefore  be  allowed  for  the 
needle  to  come  to  rest  before  read- 
ing the  meter. 
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VTVM  Circuits 


Survey  of  basic  vacuum-tube  voltmeter  circuits,  includ- 
ing pertinent  equations,  evaluation  of  circuit  per- 
formance and  accuracy,  and  frequency  and  voltage 
range  limitations  of  each  type  of  circuit 

By  MYRON  C.  SELBY 


The  accompanying  table  lists 
the  major  functional  charac- 
teristics of  eight  fundamentally 
different  detecting  circuit  ele- 
ments of  vacuum-tube  voltmeters. 

The  major  performance  desider- 
ata of  a vacuum-tube  voltmeter  for 
frequencies  up  to  several  hundred 


Circuit 


Principle  of  Operation 


Basic  Formulas 


Input  Impedance 


DIODE  DETECTION 


5 


C charges  to  jE'peak-  R acts  to 
discharge  C.  In  (B),  R'  and  C act 
as  a filter  to  keep  r-f  out  of  d-c 
measuring  circuit 


(B) 

HIGH-RESISTANCE' 
VOLTMETER  OR 
AMPLIFIER 


For  linear  diode  characteristics, 
Fd-c  = KEpea-k- 

2 IpR/Epeak  2v 
,fl  = rectification  efficiency 

= unity  (approx ) as  R ^d  E\ 
increase.  For  square-law  diode,  tj 
is  function  of  E 


Equivalent  of  1 to  25  megohms 
shunted  with  3 to  10  /x/uf;  10®  ohms 
at  300  me  is  possible.  In  general,  is 
function  of  R and  E.  At  one  value 
of  R,  input  impedance  is  practically 
independent  of  E 


DIODE 

RECTIFICATION 


Rp  — Qhy  asstunption 
/po  = 0 by  assumption 
RlIav  = average  voltage  of  the 
positive  half-cycle 


For  a sinusoidal  input 

j ^MAX 


2Rl 


PLATE  DETECTION 
FULL-WAVE, 
SQUARE  LAW 


Approximate  parabolic  lower  curved 
portion  of  Ip-Ec  characteristic  is 
used.  Average  plate  current  is 
higher  than  the  quiescent  plate  cur- 
rent. Biased  for  ip  > 0 throughout 
the  cycle. 

Ri  is  usually  omitted 


Alp^K  (Ej.^  -f  Ei^^  +E3^+. 
to  a first  approximation. 

^ 4Moffmo(rp  Rl)  ^ 

i'ik)  ^ + e3^+- 


Approximately  10^  ohms  at  fre- 
quencies up  to  few  me  shunted  by 
(Cop  -f  Cac)-  May  drop  to  10®  or 
10®  at  300  me  depending  on  tube. 

T = electron  trtmsit  time 


PLATE  DETECTION 
HALF-WAVE,  SQUARE  LAW 


Same  as  above  except  that  tube  is| 
biased  to  cutoff.  For  leurge  Rt  and 
C = 0,  ip  is  nearly  proportional  to 
eg  during  positive  hfdf-cycles 


For  relatively  large  values  of  Rl 
and  E,  Ip  = KEav-  For  small  r-f ! 
voltages  and  low  values  of  Rl, 

Ip  = K(Ei^  -f-  Ei^  -(-  Ei^  -)-...) 


SEune  as  above 


PLATE  DETECTION  PEAK 


Tube  is  biased  appreciably  beyond 
cutoff 


Ip  = KEpeak 


At  negligible  transit-time  effect 

Ro^K/S 

Co  = {Cop  + Cac) 


GRID  DETECTION 


Ojperates  on  lower  curved  portion  of 
grid-current  grid-voltage  curve  and 
straight  or  curved^rtions  of  Ip-Eg 
characteristic.  Xc  < < R 


Alp  — QmRAlg  over  linear  portion 
of  Ip-Eg  characteristic 


Relatively  low 


D-C  bias  adjusted  to  obtain  same 
plate  current  with  and  without  r-f 
mput. 

Ip  = /po  = few  ixa 


Peak  of  positive  half-cycle  = E^max 
= K{Vi  — Fo).  A approaches 
unity  as  E increases  and  as  sharp- 
ness of  cutoff  increases.  May  be  as 
low  as  0 . 2 depending  on  tube  char- 
acteristics and  E. 

Fo  = d-c  voltage  at  = 0. 

Fi  = d-c  voltages  at  other  valuesl 
otE 


w{Cgp  -}-  Cgc) 
Input  resistance  i 
lee^age  resistance 
terminals 


approaching 
cross  input 


I a is  reduced  when  r-f  voltage  is 
applied  at  input.  Fp  is  negative 


Epea.'k.  = Vp  required  to  produce] 
same  Ig. 

Amplification  factor  = 


Resistance  is  of  order  of  1,000 
megohms  shunted  by  Ccp  + Cpg 
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megacycles  are:  (1)  low-input  ca- 
pacitance; (2)  high-input  resis- 
tance; (3)  short  internal  leads  to 
terminals;  (4)  high  series-reso- 
nance frequency  of  inputJead  in- 
ductance and  capacitance;  (6)  free- 
dom from  transit-time  error;  (6) 
maximum  voltage  range  with  mini- 
mum auxiliary  equipment  such  as 
amplifiers  and  voltage  dividers; 
(7)  peak  voltage  calibration  for 
nonsinusoidal  waves  and  rms  for 


sinusoidal  waves;  (8)  linear  scale 
or  large  number  of  overlapping 
scales  for  square-law  indications; 
(9)  negligible  zero  drift  and  steady 
indication;  (10)  calibration  correc- 
tions must  not  be  affected  by  ordi- 
nary line-woltage  variations,  aging 
and  temperature  and  humidity 
changes,  must  remain  reasonably 
constant  and  must  not  be  affected 
by  tube  replacements ; (11)  v-t  volt- 
meters must  not  generate  disturb- 


ing voltages. 

Associated  circuits,  such  as 
amplifiers,  current-balancing  cir- 
cuits and  voltage  dividers,  are 
equally  important  in  determining 
sensitivity,  linearity,  and  range  of 
the  vtvm. 


The  table  and  text  are  excerpts  from 
NBS  circular  481,  High-Frequency  Meas- 
urements, by  Myron  C.  Selby,  published 
by  the  Department  of  Commerce  and 
available  from  the  Superintendent  of 
Documents,  U.  S.  Government  Printing 
Office. 


Output  and 
Waveform  Effect 

Voltage  Range 

Frequency  Range 
and  Error 

Calibration 

Stability 

Remarks 

Source  impedance 
must  be  negligible  a1 
all  harmonics,  and 
level  of  harmonics 
must  be  low,  other- 
wise error  may  be  as 
large  as  percentage 
harmonics  present 
Output  = jEpeak 

The  upper  limit  de- 
pends on  tube  rating. 
With  a sensitive  d-c 
voltmeter  or  a d-c 
amplifier,  the  lower 
limit  is  a fraction  of  a 
volt 

Upper  limit  is  affectec 
by  series  resonance  oi 
input  L and  C,  anode 
to  cathode  r-f  volt- 
ages and  transit-time 
error.  R a n g e is 

function  of  voltage 
applied.  Correction 
curves  may  be  used  to 
extend  range 

Good.  Depends  on 
constancy  of  filament 
voltage  and  emission. 
May  require  yearly 
calibration 

This  circuit  followed  by  a self- 
biasing d-c  amplifier  seems  most 
suitable  for  the  widest  frequency 
range.  To  eliminate  low-frequency 
discrimination,  the  RC  constant 
should  be  at  least  100  at  lowest  fre- 
quency. Input  series  resonance  in- 
creases apparent  input  voltage  at 
fundamental  and  emphasizes  har- 
monics more  than  fundamental 

No  error  caused  by 
reversing  input,  even 
with  unsymmetrical 
waveform. 

Output  = Eav 

Fraction  of  volt  to 
few  hundred  volts,  de- 
pending on  Rf,  and 
tube  rating 

Should  be  calibrated 
at  operating  fre- 
quency above  1 me. 
^obable  range  up  to 
several  me 

Same 

Rl  may  vary  from  0 to  1 megohm. 
For  Rl  > 100,000,  error  caused  by 
slight  curvature  of  static  tube  char- 
acteristic is  negligible 

Alp  depends  some- 
what oil  waveform. 
Theoretically  there  is 
no  turnover.  Phase 
of  harmonic  has  no 
effect. 

Output  = (Et^  -f 

Ei^ -{-.Et^ -h  ...) 

Fraction  of  volt  to 
top  limit  within 
squ£ire-law  remge  of 
tube  (a  few  volts  for 
commercial  tubes) 

With  commercial 
tubes,  low-frequency 
calibration  will  hold 
within  5 or  10  percent 
to  20  or  30  me.  At 
higher  frequencies 
calibration  at  each 
frequency  is  neces- 
sary 

Poor,  as  a result  of 
tube  aging  and  varia- 
tions in  d-c  voltages 

Noise  output  can  be  corrected  for 
by  subtracting  it  from  total  out- 
put. That  is, 

Alx  = A/total  — A/noise 

Subject  to  turnover 
and  phase  of  har- 
monics. For  output, 
see  remarks 

Fraction  of  volt  to 
value  of  E causing 
grid  current  to  flow 

Same 

Same 

Output  = Eaw  if  plate  current 
characteristic  is  lineeir. 

= Erma  if  platc  cuixent 
characteristic  is  para- 
bolic 

Subject  to  turnover 
and  phase  of  har- 
monics (see  remarks) 

From  Emax  = Fo  to 
values  causing  flow  of 
grid  currents 

Same 

Same 

Not  recommended.  Error  might 
be  appreciable 

Error  may  be  appreci- 
able (see  remarlM) 

Fraction  of  volt  to 
few  volts  with  re- 
ceiving type  tubes 

Approximately  to  10 
me 

Very  poor 

When  plate  rectification  takes  place 
in  addition  to  grid  rectification, 
Alp  may  equal  zero  at  certain  level 
of  E.  Output  = Anns  Ot  ApEAK 
depending  on  input  and  operating 
voltages 

Subject  to  turnover. 
Output  = F^peak  of 
positive  half-cycle 

Fraction  of  volt  to 
few  hundred  volts. 
Calibration  is  indis- 
pensable especially 
below  about  10  v. 
Calibration  should  be 
made  for  given  Ip 

Approximately  to  10 
or  20  me,  depending 
on  input  capacitance 

Giood.  Practically 
independent  of  aging 
and  operating  voltage 
variations 

Sharp  cutoff  is  obteuned  with  pen- 
todes connected  as  triodes,  with 
screen  grid  used  as  control  element 

Subject  to  turnover. 
Output  = Apeak 

Large  voltages,  de- 
pending on  tube  de- 
sign 

Possibly  to  10  me 
(see  remarks) 

Probably  good.  No 
experimental  data 
avwable 

Theoretically  frequency  range  is 
limited  by  input  capacitance.  No 
experimental  data  available 
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Carrier-Frequency  Voltmeter 

Strength  of  signals  received  over  power  lines,  telephone  lines  and  cables  in  the  range 
between  20  and  500  kc  is  directly  indicated  in  db,  using  a fixed-gain  double-superhetero- 
dyne receiver.  A built-in  calibration  oscillator  is  provided 


By  PAUL  BYRNE 


The  carrier-frequency  voltmeter 
to  be  described  was  developed 
primarily  for  making  measure- 
ments on  power  lines,  telephone 
lines  and  cables  in  the  region 
between  20  and  500  kc.  The  specifi- 
cations to  which  the  instrument  per- 
forms are  based  on  the  require- 
ments of  the  Pacific  Gas  and 
Electric  Company.  Special  features 
were  suggested  by  engineers  of  the 
Bell  Telephone  System. 

The  instrument  is  essentially  a 
fixed-gain  double-superheterodyne 
radio  receiver  covering  the  required 
frequency  range.  The  d-c  output  of 
the  final  detector  operates  a micro- 
ammeter calibrated  in  db.  A vari- 
able attenuator,  connected  between 
the  input  terminals  and  the  first 
grid,  provides  a wide  range  of  meas- 
urable voltages.  An  injection  oscil- 
lator, in  effect  a signal  generator, 
is  included  to  facilitate  calibration. 


Circuit  Details 

Referring  to  the  block  diagram 
of  Fig.  1 and  the  complete  sche- 
matic of  Fig.  2,  the  input  filter  is 
of  the  bandpass  variety.  The  attenu- 
ator consists  of  a wire-wound  sec- 


tion and  a carbon-resistor  section, 
and  operates  in  10-db  steps. 

The  variable-frequency  oscillator 
beats  with  incoming  signals  in  the 
carrier-frequency  range  and  pro- 
duces a 1,500-kc  signal  at  the  input 
of  an  adjustable-gain  i-f  amplifier. 


FIRST 


SECOND 


DIODE 


AUDIO 


OE 

FECT 

n 

OR 

0 

OE 

FECT 

n 

DR 

h 

I-F 

AMPLIFIER 

DE 

TBCT 

n 

DR  AM 

hH 

PLIFI 

n 

P T 

2bKC500 

(175  KC) 

L-rJ 



I-F  AMPLIFIER 
11.500  KC) 


VARIABLE  - FREQUENCY 
OSCILLATOR 
(1.000  TO  1,480  KC) 


REC 


--METER 
*■  CALIBRATING 
SWITCH 


INDICATING  METER 
CALIBRATED  IN  DB 

0-200 


FIG.  1 — Functional  block  diagram 


FIG.  2 — Complete  circuit  diagram  of  the  instrument 
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Temperature  stabilization  of  the 
vfo  is  accomplished  by  means  of  a 
variable  capacitor  consisting  of  two 
fixed  plates  about  i inch  by  li 
inches  in  size  and  an  intermediate 
movable  plate  operated  by  a 2i-turn 
spiral  of  thermostatic  bimetal.  The 
output  of  the  1,500-kc  amplifier 
combines  in  a second  detector  with 
that  of  a 1,675-kc  crystal  oscillator 
to  produce  a 175-kc  signal  which  is 
fed  to  a fixed-gain  i-f  amplifier. 
Output  of  the  175-kc  amplifier  goes 
to  a third  detector.  The  audio  out- 
put of  this  detector  drives  an  a-f 
•amplifier  operating  a headset  used 


for  monitoring.  The  d-c  output  of 
the  third  detector  operates  the  indi- 
cating meter,  which  is  a 0-200  mi- 
croammeter. 

The  injection  oscillator  delivers 
0,77  volt  (0  db)  to  the  input  circuit 
of  the  instrument,  operating  at  100 
kc.  A switch  permits  the  output  of 
the  injection-oscillator  monitoring 
diode  to  be  read  on  the  indicating 
meter  for  calibration  purposes. 
Adequate  signal  input  is  provided 
so  frequency  calibration  of  har- 
monic points  above  100  kc  on  the 
dial  can  be  checked  from  the  injec- 
tion oscillator. 


Performance  Characteristics 

The  carrier-frequency  voltmeter 
will  handle  from  77  microvolts  to  77 
vo-ts  at  the  input,  or  80  db  below 

to  40  db  above  zero  level  (1  milli- 
watt into  600  ohms).  Selectivity 
characteristics  are  approximately  6 

db  down  at  1 kc  off  resonance,  18  db 
down  at  3 kc  off  resonance  and  40 
db  down  at  7 kc  off  resonance. 

Input  impedance  is  10,000  ohms 
in  the  rejection  band,  and  approxi- 
mately 20,000  ohms  in  the  pass 
band. 


A-C  Voltmeter  for  Built-In  Instrumentation 


Full-scale  sensitivity  of  10  milli- 
volts is  provided  by  the  electronic 
voltmeter  whose  circuit  is  shown  in 
Fig.  1 and  2. 

Designed  for  built-in  instrumen- 
tation, the  voltmeter  is  stable, 
linear  and  maintains  an  accuracy  of 
three  percent.  Covering  a range  to 
50  kc  with  a full  scale  sensitivity  of 
10  mv,  it  is  suitable  for  a-f  meas- 
urements made  in  connection  with 
amplifiers,  filters  and  equalizers. 

Figure  1 shows  the  basic  circuit 
designed  by  Howard  L.  Daniels,  of 
Engineering  and  Research  Associ- 
ates, Minneapolis,  Minn.  It  differs 
from  most  a-c  voltmeters  in  the 
proportioning  of  the  circuit  con- 
stants. The  first  stage,  Vi  is  a volt- 
age amplifier  designed  to  give  maxi- 
mum voltage  gain  in  the  required 
bandwidth.  The  second  stage.  Vs,  is 
a current  amplifier.  Its  load  resist- 
ance is  determined  by  the  following 
considerations:  it  must  be  higher 
than  the  resistance  of  the  rectifier 
and  meter  combination;  it  must  be 
high  enough  to  limit  the  overload 
current  through  the  indicating  in- 
strument and  low  enough  to  permit 
a reasonable  value  of  transconduct- 
ance to  be  developed  in  the  current 
amplifier. 

A full-wave  bridge  rectifier  may 


By  LAWRENCE  FLEMING 


FIG.  1 — Basic  Toltmator  eiicnlt  amploTS 
full-woT*  bridg* 


be  employed  in  conjunction  with  a 
microammeter  as  shown ; or  a half- 
bridge may  be  used  as  in  Fig.  2. 
The  latter  arrangement  halves  the 
sensitivity.  Germanium  diodes  are 
used.  The  low-frequency  limit  of 
the  instrument  is  determined  by 
the  ratio  of  Cs  to  the  plate  resist- 
ance of  Vs. 

Since  the  actual  load  impedance 
of  Vs  is  low,  this  stage  is  inherently 
a wide-band  device,  and  the  high- 
frequency  response  of  the  circuit  is 
that  of  the  first  stage.  Because  of 
this  disparity  in  high-frequency  re- 
sponse of  the  two  stages,  there  is  a 
wide  margin  of  safety  against  high- 
frequency  oscillation  when  feedback 
is  applied.  The  low-frequency  re- 
sponse is  on  a par  with  that  of  a 
conventional  two-stage  amplifier. 


Average-Reading 

The  deflection  of  the  indicating 
d-c  meter  is  proportional  to  the  full- 
wave  average  value  of  the  a-c  volt- 
age applied  to  the  input,  since  the 
signal  can  produce  no  change  in  the 
average  charge  on  Cs. 

In  Fig.  1,  the  full-scale  range  of 
the  circuit  is  measured  by  the  ratio 
of  meter  current  to  input  voltage: 

I _ ^I0m» 

Ci  1 -f-  QmS 

where  I = current  in  meter  circuit, 
Bi  — input  voltage  to  grid  of  Vt  As  = 
voltage  gain  of  Vi,  g„,  = transcon- 


FIG.  2 — ^Practical  milliToltmeter  dxcuit 
maintains  3-percsnt  accuracy  from  10 
cps  to  50  kc 


ductance  of  tube  V„  and  Rn  = feed- 
back resistance  common  to  input 
and  output  circuits.  For  the  case  of 
no  feedback,  this  expression  reduces 
to  the  product  of  the  gain  of  the 
first  stage  and  the  transconduc- 
tance of  the  second. 
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Practical  Circuit 

A practical  embodiment  of  the 
Daniels  principle  is  shown  in  Fig.  2 ; 
the  full-scale  sensitivity  is  10  milli- 
volts. The  frequency  range  is  10  cps 
to  50  kc,  within  3 percent.  Five 
higher  decade  ranges  are  provided. 
The  high-frequency  limitation  im- 
posed by  the  first  amplifier  plate 
circuit  coincides  with  the  limitation 


imposed  by  the  lack  Of  capacitance 
compensation  in  the  input  step  at- 
tenuator. Further  extension  of  the 
high  end  implies  extra  complica- 
tion. In  this  respect,  the  perform- 
ance is  narrower  than  in  commer- 
cial meters. 

The  circuit  employs  14-db  feed- 
back. At  26-db  feedback,  low-fre- 
quency oscillation  appears,  provid- 
ing a 12-db  margin  of  safety. 


The  device  is  extremely  insen- 
sitive to  tube  and  line  voltage 
changes,  and  is  not  critical  as  to 
component  placement  or  lead  dress. 

Filtering  and  decoupling  in  the 
power  supply  is  essential. 

Circuits  of  lower  sensitivity  may 
be  made  using  a triode  for  the  first 
stage,  and  they  are  inherently  more 
stable. 


Sensitive  A-C  VTVM 

By  LAWRENCE  FLEMING 


Occasions  sometimes  arise  in  re- 
search work  when  small  voltages 
must  be  measured  at  some  point 
that  is  isolated,  either  electrically 
or  physically,  from  ground.  The 
circuit  of  Fig.  1 provides  a full- 
scale  range  of  5 millivolts  a-c  rms 
for  this  purpose,  with  about  13  db 
of  negative  feedback,  and  has  been 
built  to  occupy  a space  of  6 x 6 x 4 
inches,  including  batteries.  The  in- 
strument was  built  to  measure  volt- 
ages in  the  15  to  40-cycle  range, 
but  is  accurate  within  a few  per- 
cent up  to  about  20  kilocycles. 

Low  battery  drain  and  space  con- 
siderations dictated  the  use  of  low 
B voltage,  a rather  sensitive  d-c 
indicating  instrument,  and  an  A 
battery  common  to  all  stages.  To 
realize  the  benefits  of  feedback 
while  employing  a common  filament 
battery,  the  feedback  connection  is 
made  to  the  screen  grid  of  the  first 
stage.  There  are  two  disadvantages 
to  this  arrangement,  the  input  ca- 
pacitance is  rather  high  and  the 
sensitivity  is  not  entirely  independ- 
ent of  tube  changes  in  the  first 
stage  because  the  grid4o-screen 
path  of  this  stage  is  outside  the 
feedback  loop.  In  general,  how- 
ever, the  linearity  and  stability  of 
this  circuit  closely  approach  that 
of  comparable  commercial  instru- 
ments, and  the  size  and  battery 
drain  are  much  smaller. 

The  Daniels  device  of  current 
amplification  and  current  feedback^ 


is  employed,  with  the  last  stage 
designed  to  give  the  maximum 
transconductance  commensurate 
with  a reasonable  value  of  d-c  plate 
current,  to  keep  the  meter  move- 
ment from  being  treated  too 
roughly  by  overload  voltages.  Sen- 
sitivity is  adjusted  by  means  of  the 
290-ohm  feedback  resistor  Ri,.  The 
last  two  stages  are  triode-con- 
nected,  while  the  first  stage  is 
pentode-connected. 

There  are  two  rules  of  thumb 
for  obtaining  stability  in  a feed- 
back system:  keep  the  number  of 
reactive  components  to  a minimum, 
and  maintain  the  widest  possible 
disparity  in  bandwidth  between  the 
different  stages.  Ey  observing 
these  rules,  a margin  of  about  10 
db  against  oscillation  is  realized. 
There  are  no  peaks  at  the  edges  of 


the  pass  band.  In  circuits  of  this 
general  type,  incidentally,  the 
greatest  tendency  toward  oscilla- 
tion is  at  low  frequencies,  rather 
than  high. 

A vtvm  of  this  same  type  has 
been  built  that  was  flat  to  700  kc, 
with  a full-scale  sensitivity  of  100 
millivolts.  Three  1L4  stages  were 
employed  in  pentode  connection, 
with  22,000-ohm  plate  load  resist- 
ors, and  each  screen  connected  di- 
rectly to  the  90-volt  B supply. 

The  circuit  shown  is  particularly 
tolerant  of  aging  of  the  batteries. 
The  insertion  of  a 1,000-ohm  resist- 
ance in  series  with  the  B battery 
produced  a change  in  calibration  of 
less  than  2 percent. 

(1)  L,.  Fleming,  VTVM  For  Built-In 
Apnllcations,  Electronics,  p 154,  Sept. 
1950. 


FIG.  1 — Vacuum-tube  voltmeter  for  a-c,  using  only  one  67-volt  B battery  and  one 

1.5-volt  A battery 
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Vacuum-Capacitor  Voltage  Dividers 


The  vacuum-tube  voltmeter  has 
been  applied  extensively  to  the 
measurement  of  potential  differ- 
ences in  the  research  laboratory,  in 
radio  servicing  and  in  the  field  of 
electronics  generally.  The  popular- 
ity of  this  instrument  is  due  pri- 
marily to  its  high  input  impedance 
which  allows  measurements  to  be 
made  with  a minimum  of  disturb- 
ance to  the  circuit.  High  input  im- 
pedance is  achieved  by  the  use  of 
diode  vacuum  tubes  of  small  inter- 
electrode capacitance  and  restricted 
physical  dimensions  which  allow  the 
tubes  to  be  contained  in  compact 
probes. 

While  small  physical  dimensions 
facilitate  measurements  in  tight 
places,  they  impose  limits  on  the 
maximum  voltage  which  can  be  ap- 
plied. The  upper  voltage  limit  gen- 


1 

1 

1 

_x 

E 



; ? 

1 

i 

i 1 

FIG.  1 — ^Vacuum  capacitor  voltage  divid- 
ers can  be  used  to  extend  the  range  oi 
vacuum-tube  voltmeters,  and  similar  indi- 
cating devices,  without  destroying  their 
high-impedance  characteristics 

erally  does  not  exceed  300  volts 
rms,  and  in  many  instruments  is 
much  lower. 

The  problem  of  extending  the 
range  of  a vacuum-tube  voltmeter, 
while  at  the  same  time  preserving 
its  high-impedance  characteristics 
has  not  received  a great  deal  of  at- 
tention. This  writer  has  found  that 
the  recent  appearance  on  the  mar- 
ket of  a variety  of  compact  vacuum 
capacitors  provides  components 
which  can  be  assembled  into  volt- 
age dividers  which  will  not  only  ex- 
tend the  a-c  ranges  of  a vacuum- 
tube  voltmeter  up  into  the  'kilovolts 


By  E.  F.  KIERNAN 

but  will  also  increase  the  input  im- 
pedance as  well. 

The  vacuum  capacitor  voltage  di- 
vider may  be  used  in  conjunction 
with  a variety  of  indicators  includ- 
ing the  electrometer,  the  cathode- 
ray  oscilloscope,  the  vacuum-tube 
voltmeter  and  the  electrostatic  volt- 
meter. In  conjunction  with  an  elec- 
trostatic voltmeter,  it  can  be  used 
for  d-c  measurementsS 

Typical  Divider 

Although  dividers  may  be  fabri- 
cated by  assembling  a series  of 
standard  transmitting  vacuum 
tubes,  using  the  interelectrode  ca- 
pacitances in  various  combinations, 
the  vacuum  capacitor  is  much  more 
adaptable.  These  capacitors  may  be 
obtained  in  values  ranging  from  1 
to  l,000-/A/if  or  more;  and  in  rat- 
ings of  from  10  to  30,000  volts  or 
higher. 

The  dividers  consist  of  two  sec- 
tions in  series.  The  voltage  division 
across  the  divider  is  proportional 
to  the  reactance  of  the  sections.  For 
instance  a 5-/i/Af  section  in  series 
with  a lOO-fifii  section  would  divide 
the  applied  voltage  in  the  ratio  of 
twenty  to  one.  If  100  volts  were 
applied  across  the  divider  there 
would  be  a reactive  drop  of  95.239 
volts  across  the  5-/i,ju,f  section  and  a 
drop  of  4.761  volts  across  the 
lOO-fx/xi  section,  neglecting  the 
shunt  capacitance  of  a probe. 

In  practice,  representative  probe 
capacitance  will  vary  between  3- 
and  depending  on  the  type  of 

diode  used.  In  low-ratio  dividers 
this  shunt  capacitance  connot  be 
neglected. 

In  Fig.  1,  suppose  Xi  is  the  re- 
actance of  a B-^/tf  capacitor,  Xs  is 
the  reactance  of  a capacitor 

and  Xs  is  the  shunt  capacitance  of 
a probe,  say  6-/x/xf.  If  the  reactance 
of  Xi  is  given  the  value  of  1,  then 
the  relative  reactance  of  the  other 


section  will  be 
1 

a -f  Cs =0.0893 

Cl 

The  total  reactance  across  the 
divider,  relative  to  the  5-/nfif  sec- 
tion, would  be  1 -I-  0.0893,  or  1.0893. 
The  percentage  drop  across  X2  of 
any  voltage  E applied  across  the 
divider  would  be  0.0893/1.0893  X 
100  or  8.2  percent.  In  other  words, 
if  E equals  100  volts,  e would  be  8.2 
volts. 

Since  the  leakage  resistance  of 
vacuum  capacitors  can  be  main- 
tained well  up  in  the  megohm  re- 
gion, the  effective  load  presented  to 
a source  of  potential  by  a vacuum 
capacitor  voltage  divider  is  purely 
reactive  from  the  low  commercial 
frequencies  well  up  into  the  mega- 
cycles. 

The  use  of  these  dividers  is  not 
restricted  to  sinusoidal  waveforms 
since  pulse  voltages  may  be  divided 
without  alteration  of  the  pulse 
shape.^  In  applications  involving 
very  high  voltages  it  is  not  neces- 
sary to  locate  the  indicator  adjacent 
to  the  divider;  standard  concentric 
cables  may  be  used  with  remote  in- 
dicators. If  it  is  desirable  to  adjust 
the  division  ratio  to  some  exact 
value,  variable  vacuum  capacitors 
make  such  an  adjustment  simple. 

Although,  to  the  best  of  this 
writer’s  knowledge,  there  are  no 
commercial  vacuum  capacitor  volt- 
age dividers  on  the  market  at  the 
present  time,  this  situation  will 
probably  be  remedied  in  the  near 
future.  An  especially  designed  unit 
wherein  the  two  sections,  one  ad- 
justable in  capacitance,  are  enclosed 
in  one  envelope  could  be  made  very 
compact. 
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Direct-Reading  R-F  Wattmeter 


Ease  op  operation  and  excellent 
accuracy  are  combined  in  a direct- 
reading  r-f  wattmeter  developed  by 
the  Naval  Research  Laboratory  for 
measuring  power  from  30  to  3,000 
microwatts.  Instead  of  the  a-c  sub- 
stitution method  employed  by  many 
types  of  wattmeters  for  measure- 
ment of  r-f  power,  the  new  type 
makes  use  of  a d-c  movement  meter 
and  precision  resistors  (thermi- 
stors) to  achieve  an  accuracy  of  4 
percent  or  better  over  its  power- 


measurement  range. 

A thermistor  is  placed  in  one 
arm  of  a bridge  circuit  whose  other 
arms  are  usually  200  ohms  each. 
A given  amount  of  d-c  current  is 
passed  through  the  bridge  and  an 
adjustable  a-c  voltage  is  connected 
and  varied  until  the  bridge  is  bal- 
anced. When  r-f  power  is  applied 
to  the  thermistor,  the  d-c  current  is 
automatically  reduced  until  the 
bridge  is  again  balanced.  Thus 
wi+h  the  bridge  balanced,  the 


change  in  d-c  power  in  the  thermi- 
stor is  equal  to  the  r-f  power.  A 
meter  circuit  is  arranged  to  read 
this  change  directly. 

Although  this  instrument  was 
first  intended  for  use  in  power 
monitoring  work,  other  uses  for  it 
have  arisen,  such  as  that  of  check- 
ing signal  generator  output.  The 
instrument  was  developed  in  Radio 
Division  Two  of  the  Naval  Re- 
search Laboratory. 


Bolometer 


Design  and  testing  of  antenna 
systems  and  various  r-f  networks 
in  the  microwave  regions  requires 
reliable  test  equipment  for  deter- 
mining relative  or  absolute  r-f 
field  strengths.  A modulated  or 
pulsed  r-f  signal  is  applied  to  the 
network  and  measurements  are 
usually  made  by  using  a crystal  or 
bolometer  in  conjunction  with  a 
probe  to  yield  an  output  voltage  e 
= feE*  where  E is  the  absolute  field 
intensity  in  the  vicinity  of  the 
probe,  fe  is  a constant  which  de- 
pends upon  the  probe  configura- 
tions and  units  in  which  e and  E 
are  expressed  and  a;  is  a function 
which  depends  upon  the  crystal  or 
bolometer  and  generally  will  differ 
somewhat  from  a constant. 

Because  the  output  voltage  level 
of  the  probing  devices  is  low,  it 
is  necessary  to  amplify  their  out- 
puts before  they  are  metered.  The 
bolometer  amplifier,  manufactured 
by  Pickard  and  Bums,  Inc.,  of 
Needham,  Mass.,  incorporates  a 
tunable  variable-bandwidth  filter, 
an  eighth  power  voltage  ratio  ex- 
pander, automatic  normalization  of 
input  signals  and  an  undecaded  out- 
put voltage  for  operating  automatic 
recording  equipments. 

Operating  Principle 

The  instrument  functions  on  a 


Amplifier  for  Microwave 
Measurements 


heterodyne  system  in  which  the  in- 
put voltages  to  both  the  signal  and 
monitor  input  channels  are  con- 
verted in  balanced  modulators  to  a 
50-kc  i-f,  see  block  diagram  in  Fig. 
1.  The  output  of  the  balanced  mod- 
ulator in  the  monitor  channel  is 
amplified  and  detected  to  supply 
bias  voltage  for  the  controlled  am- 
plifier of  the  signal  channel  which 
provides  the  automatic  normaliza- 
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FIG.  1 — Block  diagram  of  the  Pickard 
and  Burns  bolometer  amplifier 


tion  of  voltages  in  the  signal 
channel. 

Ouput  of  the  balanced  modulator 
in  the  signal  channel  is  amplified 
in  the  controlled  amplifier  and  then 
fed  to  the  crystal  filter  and  i-f  am- 
plifier. The  output  from  the  i-f 
amplifier  is  connected  to  the  meter 
decade.  Following  the  decade  is  the 
meter  amplifier  and  logarithmic 
voltmeter. 


By  switching  the  input  of  the 
expander  circuit  into  the  output  of 
the  decade  and  the  output  of  the 
expander  into  the  input  of  the  volt- 
meter amplifier,  eighth  power  volt- 
age ratio  expansion  may  be  ob- 
tained. To  provide  a recorder 
output  voltage,  the  output  of  the  i-f 
amplifier  following  the  crystal  filter 
is  fed  simultaneously  to  the  meter 
decade  and  to  a converter  and  band- 
pass filters,  the  output  of  which  is 
then  amplified  and  connected  to  the 
recorder  output  terminal. 

When  the  bolometer  amplifier  is 
functioning  with  linear  amplifica- 
tion, the  decade  output  is  amplified 
in  the  meter  amplifier.  The  output 
voltage  is  rectified  and  metered  on 
the  output  meter  which  is  calibrated 
in  a-c  volts.  On  expand  operation, 
the  output  of  the  decade  is  multi- 
plied in  the  eighth  power  voltage 
ratio  expander  circuit  to  a 400-kc 
voltage  which  is  then  amplified  in 
the  meter  amplifier,  rectified  and 
metered  on  the  output  meter. 

Instrument  Description 

Nominal  frequency  range  of  the 
instrument  is  400  to  5,000  cycles 
with  the  frequency  dial  calibrated 
directly  in  cycles.  Bandwidths  are 
selected  by  a switch  and  are  6,  12, 
22,  50,  100  and  300  cycles.  Input 
impedance  is  between  250  and  350 
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ohms  for  all  frequencies  between 
400  and  6,000  cycles. 

The  indicating  voltmeter  has  a 
logarithmic  scale  and  is  calibrated 
in  both  volts  and  decibels.  The 
decade  used  in  conjunction  with  the 


meter  is  calibrated  in  volts  full 
scale  and  is  adjusted  in  20-db  steps 
from  0.01  volt  full  scale  to  100  volts 
full  scale. 

Output  voltage  for  recording  pur- 
poses is  80  db  undecaded.  This  out- 


put is  at  the  input  frequency  and 
is  at  an  impedance  level  of  approxi- 
mately 50,000  ohms.  Loading  up  to 
0.01  watt  maximum  is  permissible 
without  causing  nonlinear  amplifi- 
cation in  the  output. 


Load  Match  Test 

By  HEINZ  E.  KALLMANN 


It  is  sometimes  desirable  to 
check  the  impedance  matching 
of  a load  when  there  is  no  proper 
test  equipment  on  hand.  If  the  load 
under  test  happens  to  be  itself  an 
indicator  of  current,  such  as  a 
meter  or  a receiver  (without  avc), 
then  the  following  simple  test  may 
be  made.  All  the  extra  pieces  of 
equipment  needed  are  three  resis- 
tors, each  equal  to  the  desired 
matching  impedance.  The  indicator- 
’oad  should  be  sensitive  enough  to 
give  ample  indication  when  fed 
from  its  source,  at  about  one  half 
of  the  regular  load  current. 

The  test  consists  of  making  up 
a bridge  circuit,  which  is  some- 
what unconventional  in  that  it  uses 
the  unknown  impedance  as  an  indi- 
cator in  one  of  its  arms,  and  that 
there  is  a switch  in  the  null-arm 
where  the  meter  would  usually  be. 
As  shown  in  Fig.  1,  the  impedances 
in  three  arms  of  the  bridge  are 
made  equal  to  R,  the  proper  match- 
ing impedance  of  the  load  under 
test.  But  the  load  may  have  an  im- 
pedance Rl  = R + p,  where  the 
amount  of  the  matching  error,  p,  is 
positive  if  72/,  is  too  high,  and  nega- 
tive if  Rr,  is  too  low.  The  generator, 
with  source  impedance  R,,  need  not 
be  matched  and  the  degree  of  its 
mismatch,  a = Rt/n,  need  not  be 
known. 

If  p is  zero,  the  load  is  matched 
and  the  bridge  is  in  balance.  Then 
one  half  of  the  generator  current 
flows  through  each  bridge  arm  and 
no  current  will  flow  through  the 
switch  S if  it  is  closed.  Therefore, 
turning  this  argument  around,  if 
opening  and  closing  the  switch  S 
does  not  cause  any  change  in  the 


FIG.  1 — Simple  test  setup  ior  determining 
match  between  Yoitage  source  and  lood 


currents  through  the  bridge  arms 
(through  ffi),  then  the  bridge  must 
be  in  balance  and  Rl  = R. 

If,  however.  A'/,  is  not  properly 
matched,  then  closing  of  switch  5 
will  permit  flow  of  current  through 
the  null  arm  and  the  currents  flow- 
ing through  the  other  bridge  arms 
will  be  altered  accordingly. 

To  determine  the  error  p it  is 
enough  to  observe  the  change  of 
the  current  through  the  load  imped- 
ance JZi,  from  the  value  it  when  the 


fig.  2 — Curves  showing  usefulness  of 
motch-tast  bridge  circuit 


switch  S is  open  to  i/  when  S is 
closed.  The  ratio  of  these  two  cur- 
rent values  can  be  computed  from 
the  parameters  of  Fig.  1 and  is 
found  to  be : 


tx,  4R  , 2cr  -1-  3 

P « 4-  1 

This  ratio  is  equal  to  unity  for 
p = 0 ; no  change  in  current. 

In  general,  the  ratio  depends 
somewhat  on  the  mismatch  of  the 


FIG.  3 — Alternate  test  setup  for  use  where 
three  resistors  of  value  R are  not  readily 
available 


source  impedance  Rt ; its  values 
are  plotted  in  Fig.  2 for  R^  ranging 
from  0.572  to  272;  the  three  curves 
shown  are  computed  for  different 
source  impedances,  one  curve  as- 
suming that  the  source  is  matched, 
a = 1,  one  curve  for  negligible 
source  impedance,  a = 0,  and  one 
curve,  a = 2,  assuming  a source 
impedance  of  272.  It  can  be  seen 
that  the  effect  of  the  source  imped- 
ance on  the  bridge  measurement  is 
negligible  for  all  practical  pur- 
poses. 

The  only  detail  of  the  diagram 
that  matters  in  practice  is  the 
tangent  of  the  curves  near  p = 0, 
shown  as  a broken  line.  It  indicates 
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which  way  and  how  much  the  load 
current  changes  with  closing  of  the 
switch  S.  The  load  current  de- 
creases with  closing  of  S when  p is 
positive,  or  when  the  load  imped- 
ance is  too  high,  and  vice  versa. 
For  small  error  p,  the  load  current 
decreases  by  about  1 percent  for 
each  4-percent  error  in  matching 
impedance. 

The  smallest  detectable  change 
in  load  current  thus  sets  a gener- 
ally modest  limit  to  the  precision 
of  the  test.  But  within  this  limit, 
the  load  impedance  may  be  checked 
and  adjusted  without  need  of  any 
meter  calibration  or  knowledge  of 


Accurate 


The  usual  method  of  finding  when 
the  varying  frequency  of  a signal 
passes  through  a predetermined 
frequency,  is  by  means  of  an  oscil- 
lator at  this  latter  frequency,  ob- 
taining the  beats  between  the  sig- 
nal and  the  oscillator  and  noting 
when  the  beat  frequency  passes 
through  zero.  That  process  is  in 
general  simple  and  satisfactory  ex- 
cept in  the  case  when  the  frequency 
of  the  signal  varies  rapidly.  When 
there  is  a very  rapid  change,  the  beat 
frequency  may  not  remain  long 
enough  at  a low  value  for  a circuit 
to  be  able  to  recognize  it  as  a low 
frequency.  The  key  characteristic 
in  such  a case  is  not  that  the  beat 
frequency  is  zero  at  a particular  in- 
stant, but  that  it  changes  sign.  Un- 
fortunately most  circuits  are  unable 
to  detect  the  difference  between  a 
positive  and  a negative  beat  fre- 
quency. 

This  problem  came  up  in  connec- 
tion with  special  work  on  certain 
f-m  systems  and  was  disclosed  some 
time  ago  to  the  Patent  Office. 


its  curvature.  The  test  is  equally 
applicable  to  d-c,  audio,  and  high 
radio  frequencies,  for  balanced  and 
unbalanced  systems ; and  it  permits 
leaving  one  source  and  one  load  ter- 
minal grounded  where  that  is 
necessary. 

To  make  the  test,  open  one  of 
the  load  connections  and  insert  the 

combination  of  three  small  resis- 
tors as  shown  in  Fig.  3.  Two  of 
their  leads  may  be  bent  to  form  the 
switch  S,  to  be  prodded  with  a pen- 
cil for  closing.  If  there  are  no  three 
resistors  of  the  value  R available, 
one  will  do,  marked  R in  Fig.  3; 
and  the  two  others,  marked  r,  may 


be  of  somewhat  different  value 
though  equal  to  each  other. 

In  certain  r-f  adjustments,  it  is 
an  advantage  that  the  source  and 
feeder  remain  loaded  with  their 
proper  load  impedance  R.  With 
all  four  resistors  equal  to  R,  the 
bridge,  with  open  or  closed  switch, 
presents  to  the  source  the  imped- 
ance R ; and  even  if  Rl  is  not  equal 
to  R,  the  impedance  presented  by 
the  whole  bridge  is  much  more 
nearly  correct.  The  impedance  pre- 
sented by  the  bridge  to  the  load  Rl 
depends  on  Ri  and  on  whether  the 
switch  S is  open  or  closed:  for 
Ri  — R,  it  is  OSR  in  the  former 
case  and  1.66i2  in  the  latter. 


Instantaneous  Frequency 
Comparison 

By  RAYMOND  M.  WILMOTTE 


A simple  circuit  to  distinguish 
between  positive  and  negative  beat 
frequencies  makes  use  of  the  theory 
of  the  operation  of  limiters.  It  is 
known  that  when  two  f-m  signals 
of  different  but  nearly  equal  ampli- 
tude are  passed  through  a limiter, 
the  resulting  output  contains  short 
periods  during  which  the  rate  of 
change  of  phase  is  very  large.  These 
phase  changes  can  be  translated 
into  voltages  by  means  of  a dis- 
criminator circuit  designed  to  have 
a sufiiciently  wide  frequency  char- 
acteristic to  be  able  to  respond  ade- 
quately to  these  large  rates  of 
change  of  phase. 

The  expressions  for  the  value  of 
the  maximum  and  minimum  output 
of  a discriminator  caused  by  two 
signals  are  simple  and  well  known. 
If  the  frequencies  of  the  two  signals 
A and  B are  and  /«  respectively, 
and  the  amplitude  ratio  of  A to  B 
is  r then  the  maximum  and  mini- 
mum responses  of  the  discriminator 
are  respectively  proportional  to 


and 

where 

q = /a  — /b  and  r > 1 


FIG.  1 — Curve  shows  rate  ol  change  ol 
phase  ol  resultant  as  frequency  B passes 
through  frequency  A 


It  is  to  be  noted  that  when  q is 
positive  /a  is  less  than  expression 
1 and  greater  than  expression  2, 
while  when  q is  negative  the  reverse 
is  true.  It  is  also  to  be  noted  that 
in  either  case  when  r is  nearly  equal 
to  unity,  the  maximum  given  by 
expression  2 differs  very  much  more 
from  the  mean  value  /a  than  the 
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maximum  given  by  expression  1. 

The  application  of  these  results 
to  the  simple  case  of  signal  A of 
steady  frequency  and  another  signal 
B of  frequency  varying  linearly  is 
shown  in  Fig.  1.  The  horizontal 
line  corresponds  to  the  inclined 
dashed  line,  to  /«.  At  time  T the 
two  frequencies  are  equal.  The  line 
with  spikes  corresponds  to  the  rate 
of  change  of  phase  of  the  resultant 
when  the  two  signals  A and  B have 
passed  through  a limiter. 

It  is  seen  that  as  the  beat  fre- 
quency increases  in  numerical  value, 
the  spikes  increase  in  size  and  occur 
more  frequently.  At  time  T when 
the  beat  frequency  is  zero  the 
spikes  disappear.  Before  time  T 
the  spikes  are  negative  while  after 
time  T they  are  positive.  That  is 
so  if  the  intensity  of  A is  less  than 
B.  If  A were  greater  than  B the 
reverse  would  be  the  case.  The  im- 
portant point  for  the  present  pur- 
pose is  that  the  direction  of  the 
spikes  changes  as  the  beat  fre- 
quency passes  through  zero.  The 
direction  of  the  spikes  indicates 
therefore  whether  the  beats  are 
positive  or  negative,  that  is  whether 
the  frequency  of  A is  greater  or 
less  than  that  of  B. 

The  spiked  line  is  readily  turned 
into  a voltage  of  the  same  wave 
form  by  means  of  a discriminator 


or  the  equivalent.  By  finding  from 
this  wave  form  whether  the  positive 
peaks  are  greater  or  smaller  than 
the  negative  peaks  it  is  therefore 
possible  to  ascertain  the  polarity  of 
the  beat  frequency  provided  the 
ratio  r remains  either  greater  or 
less  than  unity. 

Circuit 

A circuit  for  this  purpose  is 
shown  in  block  diagram  in  Fig.  2. 

The  signal  B is  amplified,  then 
limited  and  passed  through  a filter. 
The  purpose  of  this  limiter  and 
filter  is  to  obtain  a signal  of  prede- 
termined amplitude.  An  oscillator 
set  at  the  desired  frequency  is 
added  to  this  signal,  its  amplitude 
being  either  slightly  greater  or 


FIG.  2 — ^Block  diagram  ol  equipment  for 
determining  exact  instant  when  one  va- 
riable frequency  is  of  some  value  as 
another 

slightly  less  than  the  signal  B at 
that  point  of  the  circuit.  It  is  im- 
portant that  the  ratio  of  the  signal 


intensities  remains  substantially 
the  same  and  does  not  pass  through 
unity.  The  two  signals  A and  B 
are  passed  through  a limiter  and 
discriminator  which  produces  the 
spiked  wave  form  shown  in  Fig.  1. 

This  output  is  then  analyzed  by 
means  of  two  diodes  to  establish 
whether  the  positive  maximum  is 
greater  or  less  than  the  negative 
maximum.  The  polarity  of  the  volt- 
age V provides  the  required  indica- 
tion. When  V is  zero  the  fre- 
quencies of  A and  B are  equal. 
Thus  the  time  T is  obtained. 

A corrolary  to  this  system  can  be 
developed  into  a means  for  finding 
accurately  when  the  amplitude  of 
a signal  equals  that  of  another.  If 
the  frequency  of  signal  A is  greater 
than  that  of  signal  B,  the  spikes 
will  be  negative  when  the  amplitude 
of  signal  A is  greater  than  that  of 
signal  B,  and  vice  versa.  The 
method  consists,  therefore,  of  mak- 
ing the  frequency  of  signal  A al- 
ways either  consistently  greater  or 
consistently  less  than  that  of  B and 
finding  whether  the  spikes  are  posi- 
tive or  negative  by  a circuit  similar 
to  that  described.  The  point  at 
which  the  spikes  change  sign  is 
very  sharp  and  indicates  the  point 
of  equal  amplitude  of  the  two 
signals. 


Carrier-Shift  Check  Meter 


During  the  second  World  War  a 
requirement  arose  for  a simple  and 
convenient  means  of  checking  the 
setting  up  of  a transmitter  working 
on  a carrier-shift  teleprinter  cir- 
cuit. Continuous  indication  of 
shift  was  not  required.  The  method 
adopted  is  to  set  a stable  oscillator 
to  the  transmitter  space  frequency. 
The  beat  frequency  obtained  be- 
tween this  oscillator  and  the  trans- 
mitter when  on  its  mark  frequency 
is  then  equal  to  the  carrier  shift, 
and  by  comparing  the  note  thus 


By  J.  W.  WHITEHEAD 

produced  with  that  generated  by  a 
stable  audio  frequency  oscillator 
set  to  the  required  frequency,  an 
indication  of  the  error  in  the  trans- 
mitter shift  tuning  is  obtained  and 
can  be  corrected. 

The  circuit  layout  is  shown  sche- 
matically in  Fig.  1.  It  contains 
three  main  items — a stable  r-f 
oscillator,  a stable  a-f  oscillator, 
and  the  comparison  unit  or  mixer. 

A useful,  but  not  essential, 
source  of  r-f  is  an  oscillating  wave- 
meter  which  is  provided  with  a 


crystal  check,  such  as  the  U.  S. 
Army  frequency  meter  type  BC- 
221.  By  using  this  meter  as  a 
basis  of  the  scheme,  it  is  possible 
to  provide,  at  the  same  time,  a con- 
venient check  on  the  transmitter 
carrier  frequency. 

For  the  a-f  generator,  a cathode- 
tap  oscillator  was  found  to  be  a 
convenient  form,  using  as  a reso- 
nant circuit  a fixed  capacitor  and 
one  winding  of  a transformer.  Out- 
put is  taken  from  a second  winding 
on  the  transformer  and  fed  to  the 
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mixer  unit.  An  attempt  made  to 
carry  out  the  final  adjustment  by 
means  of  d-c  through  a third  wind- 
ing was  unsuccessful,  and  units  are 
individually  tuned  by  strapping 
further  capacitors  across  the  tuned 
winding. 

The  output  from  the  audio  oscil- 


FIG.  1 — Essential  stages  of  a system  for 
checking  carrier  shift 


lator  is  taken  to  the  grid-filament 
circuit  of  the  mixer  tube,  the 
cathode  circuit  of  which  is  fed  with 
the  audio  output  from  the  oscillat- 
ing frequency  meter.  This  latter 
tone  is  generated  by  heterodyne 
action  within  the  meter  between 
the  space  frequency  produced  by 
the  meter  and  the  carrier  shift 
transmitter  on  its  mark  frequency. 
The  audio  signal  resulting  in  the 
plate  circuit  of  the  mixer  is  applied 
to  phones,  and  the  beats  heard 
allow  accurate  setting  of  the  trans- 
mitter mark  frequency. 

Mixer 

For  simplicity  of  construction  it 
was  considered  desirable  to  use  one 
tube  for  the  two  necessary  circuits. 


and  the  double  triode  6C8G  was 
selected.  Each  section  of  this  tube 
has  its  separate  cathode,  a fact 
which  allows  virtually  complete  iso- 
lation of  the  two  circuits,  thus 
making  for  enhanced  frequency 
stability  of  the  oscillator. 

Referring  to  Fig.  2,  the  winding 
of  transformer  between  terminal 
4 and  earth  is  tuned  by  means  of 
fixed  capacitors  at  Cx,  strapped 
across  it  to  produce  the  desired 
frequency.  The  precise  values  of 
these  capacitors  varies  from  unit 
to  unit,  and  each  must  therefore  be 
individually  tuned.  The  scope  of 
the  instrument  may  be  increased 
by  providing  switch  S,  to  bring  in 
further  capacitors  C,  in  parallel 
with  the  first  bank  to  secure  a 
second  audio  frequency.  (The  two 
frequencies  in  use  were  850  and 
720  cps  respectively).  Terminal  3 
on  Tx  is  a tap  on  the  tuned  winding 
taken  directly  to  the  cathode  of  Vx, 
and  terminal  4 connects  with  the 
grid  of  this  tube  via  a parallel  r-c 
combination. 

Output  from  the  a-f  oscillator  is 
taken  from  Tx  and  applied  to  the 
other  section  of  the  6C8G,  Vs.  The 
audio  output  from  the  frequency 
meter  is  applied  across  the  cathode 
resistor  via  the  capacitance.  Across 
the  plate  load,  therefore,  ap- 
pears the  beat  note  resulting  from 
the  superposition  of  the  two 
audio  frequencies,  and  it  is  repro- 
duced in  the  phones  which  are 
plugged  in  at  Jx. 

It  was  found  convenient  to  tune 
the  frequency  meter  to  zero  beat 
on  space  without  switching  off  the 
a-f  oscillator,  and  for  this  purpose 
a second  jack  Js  is  provided.  This 


jack  is  connected  across  the  audio 
input  from  the  frequency  meter, 
and  has  an  additional  contact  which 
is  arranged  to  short  the  grid  of  the 
audio  oscillator  to  ground  when  the 
jack  is  in  use,  thus  stopping  that 
tube  from  oscillating  and  avoiding 
the  complication  of  having  a con- 
tinuous additional  note  in  the 
phones  while  tuning  to  zero  beat. 

It  may  be  possible  for  an  inex- 
perienced operator  to  obtain  an 
apparent  tuning  point  when  the 
two  tones  are  harmonically  related. 
A three-position  nonlocking  key  is 
therefore  provided  to  enable  the 
two  tones  to  be  heard  independ- 
ently, thus  ensuring  that  they  are 
of  exactly  the  same  frequency. 

The  original  prototype  was  cali- 
brated against  a standard  tone  gen- 
erator to  an  accuracy  of  =t  1 cycle, 
and  this  was  used  as  a standard 
against  which  further  models  were 
checked.  During  a long  period  of 
use  the  stability  of  all  the  models 
has  been  good  and  the  results  have 
been  eminently  satisfactory. 


FIG.  2 — ^Audio  oscillator  and  mixer  circuit. 
The  center  position  of  switch  Sx  is  the  nor- 
mal position 
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Direct  Frequency  Measurement 

By  L.  M.  BERMAN 


Successive  demultiplication  of  the 
frequency  to  be  measured  provides 
a direct  method  of  measurement. 
The  frequency  /,  can  be  considered 
to  be  felO"  + fr  where  k and  n are 
integers  and  fr  is  the  residual  fre- 


To  the  left  is  a chain  of  decade  standard 
frequency  generators.  In  the  center  are 
harmonic  generators,  each  driren  from 
its  decade  frequency.  These  generators 
feed  mixer  circuits  that  ore  irimultaneously 
fed  by  the  unknown  frequency.  To  the 
right  ore  low-poss  filters  passing  only 
components  of  the  unknown  frequency 
lower  thorn  the  dee<ide  being  meownred. 
In  this  manner  eoch  digit  of  the  frequency 
can  be  determined 

quency  lower  than  10“.  To  measure 
the  unknown  frequency,  it  is  hetero- 
dyned with  a standard  frequency 
to  produce  a beat  that  will  pass 
through  a low-pass  filter  whose  cut- 
off frequency  is  10*.  The  required 
standard  beating  frequent^  for 
this  condition  is  TclO*;  thus,  know- 
ing the  standard  frequency  in  use 


when  the  low-pass  filter  is  passing  a 
signal,  one  finds  k,  the  first  digit 
of  the  frequency  being  measured. 

Residual  frequency  passed 
through  the  filter  becomes  a new 
unknown  frequency  that  can  be  de- 
termined in  like  manner.  Cutoff 
frequency  of  the  second  filter  is 
10"'^  and  the  standard  beating  fre- 
quency is  fcilO""\  Measurement  con- 
sists of  finding  the  required  ki  to 
obtain  a signal  through  the  filter; 
this  ki,  is  the  second  digit  of  the 
frequency.  Number  of  successive 
demultiplications  depends  on  the  ac- 
curacy to  which  frequency  is  to  be 
measured ; a direct  - reading  fre- 
quency meter  indicates  the  final 
residual  frequency. 

Arrangement  of  Equipment 

The  accompanying  figure  shows  a 
frequency  meter  employing  the 
principle  of  demultiplication.  A 
chain  of  relaxation  oscillators  and 
harmonic  generators  in  the  left  hand 
column  provides  the  standard  fre- 
quencies for  successive  demultipli- 
cations. The  100-kc  stage  is  syn- 
chronize by  a crystal-controlled 
100-kc  oscillator  (not  shown).  An 
oscilloscope  on  each  relaxation  os- 
cillator (100, 10,  and  1 kc)  indicates 
proper  synchronization.  The  har- 
monic generators  are  class-C  am- 
plifiers. Each  decade  frequency 
generator  feeds  a harmonic  gener- 
ator so  that  the  first  nine  harmonics 
of  that  decade  are  available  by 
switching.  A vacuum-tube  volt- 
meter shows  the  level  of  the  selected 
harmonic.  A 6L7  is  used  as  mixer. 
A second  vtvm  indicates  if  a signal 
is  passing  the  filter. 

In  operation  the  unknown  fre- 
quency is  applied  to  the  first  mixer. 
If  it  is  lower  than  the  cutoff  of  the 
first  filter,  the  signal  indicating 
vtvm  will  deviate;  4f  not,  then  the 


proper  beating  frequency  is  se- 
lected from  the  harmonics  of  the 
highest  decade  oscillator.  The  proc- 
ess is  followed  through  successive 
demultiplications;  the  residual  fre- 
quency being  indicated  on  the  di- 
rect-reading frequency  meter.  As  a 
check  on  the  operation  of  the  equip- 
ment, higher  instead  of  lower  har- 
monics can  be  used  to  produce  the 
required  beat-frequencies  to  pass 
the  filters,  and  the  unknown  fre- 
quency found  by  subtraction. 

To  provide  isolation  from  power- 
line frequency,  the  actual  filters  are 
band-pass.  The  10  me,  100,  10,  and 
1 kc  filters  pass  from  600  cps  to  a 
frequency  600  cps  above  their  nor- 
mal ones;  the  100-cps  filter  passes 
from  120  to  220  cps ; and  the  10-cps 
filter  passes  from  10  to  20  cps.  The 
100-cps  standard  frequency  has 
been  increased  to  500  cps,  and  the 
10-cps  one  to  110  cps.  Thus  har- 
monics of  these  last  two  beating 
frequencies  are  actually  high.  The 
direct-reading  frequency  meter  in- 
dicating instrument  scale  has  been 
increased  by  610  cps  so  that  the 
final  frequency  reading  is  correct 
without  modification. 

Reliable  operation  of  the  instru- 
ment depends  on  the  mixers  func- 
tioning on  the  proper  portions  of 
their  characteristics,  necessitating 
an  input  of  ten  millivolts  below  10 
me  and  0.8  volts  above  10  me.  That 
there  is  sufficient  voltage  can  be 
seen  from  the  vitvm.  The  frequency 
measured  by  the  demultiplier  is,  ex- 
cept for  that  portion  read  on  the 
direct-reading  instrument,  inde- 
pendent of  operator's  judgment  in 
reading  an  indicating  instrument. 
Furthermore,  no  forehand  knowl- 
edge of  the  order  of  magnitude  of 
the  unknown  frequency  is  re- 
quired. 
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Production-Line  Frequency 
Measurements 

Simplified  equipment  allows  relatively  inexperienced  personnel  to  make  extremely  ac- 
curate measurements  of  frequencies  up  to  10  me.  Entire  system  is  standardized  against 
WWY  by  simple  adjustments  while  frequency  measurement  is  being  made 

By  GEORGE  J.  KENT 


Most  modern  frequency-meas- 
uring devices  depend,  to  a 
great  extent,  on  the  skill  and  ex- 
perience of  the  operator.  In  cases 
where  qualified  operating  personnel 
is  readily  available,  these  systems 
are  satisfactory,  but  in  most  in- 
stances, skilled  labor  is  at  a 
premium. 

The  equipment  described  here 
and  illustrated  in  the  photographs 
permits  accurate  frequency  meas- 
urements to  be  made  by  relatively 
inexperienced  operators.  After 
about  twenty  hours  training  and 
practice,  an  operator  can  make 
rapid  measurements  at  100  kc 
to  10  me  within  1 or  2 cps. 

Method  of  Measurement 

Frequencies  are  measured  by  a 
system  of  bracketing.  The  first 
digit  (usually  2 to  10  me)  is  de- 
termined by  the  calibration  of  a 
communications  receiver.  The  sec-, 
ond  digit  is  determined  by  bracket- 
ing the  unknown  signal  between 
known  harmonics  of  a 100-kc  har- 
monic generator  whose  fiftieth 
harmonic  is  constantly  kept  at  zero 
beat  with  WWV.  Subsequent  digits 
are  obtained  by  a combination  of 
brackets  and  finally  the  last  two 
significant  figures  are  taken  from  a 
calibrated  audio  oscillator  using  a 
scope  and  Lissajous  figures. 

A block  diagram  of  the  equip- 
ment involved  is  shown  in  Fig.  1. 

The  frequency  standard  consists 
of  a 100-kc  oscillator  and  a series  of 
three  10-to-l  frequency  dividers. 
The  beat  between  the  5-mc  signal 
of  WWV  and  the  fiftieth  harmonic 
of  the  100-kc  oscillator  is  heard 


constantly  by  the  operator  from  a 
loudspeaker  connected  to  the  re- 
ceiver. In  this  way,  the  10-kc,  1-kc 
and  100-cps  subharmonics  and  the 
100-kc  fundamental  are  all  kept 
standardized  during  the  measure- 
ment procedure.  When  the  stand- 
ard is  so  adjusted,  the  receiver  is 
tuned  to  the  unknown  frequency 
radiated  by  the  apparatus  under 
test.  The  first  digit  of  /,  is  read 
from  the  receiver  tuning  dial  and 
the  second  digit  approximated  from 
the  tuning  dial  setting.  Then,  the  un- 
known signal  is  bracketed  between 
two  harmonics  of  the  100-kc  oscil- 
lator, thereby  verifying  the  second 
digit.  The  next  digit  of  the  un- 
known frequency  is  then  found  by 
bracketing  between  harmonics  of 
the  10-kc  standard,  which  are  read- 
ily identified  also  by  tuning  the  re- 
ceiver to  each  harmonic  in  turn. 
The  10-kc  harmonic  /»'  that  is 
closest  to  the  unknown  frequency 
is  recorded. 

The  unknown,  and  all  of  the  10-kc 
harmonics,  are  then  injected  into 
the  first  mixer.  Out  of  the  numer- 
ous beats,  a low-pass  filter  selects 
the  lowest,.//  = //  — /.  or  /,  - // 
depending  on  whether  //  is  higher 
or  lower  than  /*.  Beat  frequency 
//,  always  between  0 and  5,000 
cps,  is  applied  to  the  Y terminals 
of  an  oscilloscope  through  set 
at  1.  A calibrated  audio  interpola- 
tion oscillator  is  connected  to  the  X 
terminals  of  the  oscilloscope,  and  by 
means  of  Lissajous  figures,  an  ap- 
proximate measurement  is  made. 

Beat  note  //  is  then  applied  to 
the  second  mixer.  Knowing  the  ap- 
proximate value  of  //  from  the 


reading  of  the  interpolation  oscil- 
lator, the  operator  selects  the  1-kc 
harmonic  that  is  closest  to  that  fre- 
quency by  means  of  the  frequency 
booster.  This  signal  he  applies  to 
the  second  mixer.  A high-attenua- 
tion low-pass  filter  selects  the  low- 
est beat  ft"  = U'  - //  or 
//  — //'  depending  on  whether  f/ 
is  higher  or  lower  than  //'.  The 
second  beat  frequency  /»"  is  always 
between  0 and  500  cps. 

When  ft"  is  between  0 and  25  cps, 
difficulties  with  a-f  transformers 
arise.  Therefore  the  harmonic  of 
1 kc  is  selected  which  produces  beat 
ft"  between  975  and  1,000  cps.  A 
band-pass  filter  for  this  frequency 
range  is  provided  for  such  cases. 

The  output  ft"  is  applied  to  the 
scope  through  SWi  and  measured  in 
the  same  way  as  in  the  approximate 
measurement.  To  obtain  maximum 
accuracy  at  this  point,  the  fre- 
quency standard  is  now  kept  at  ex- 
act zero  beat  with  WWV,  as  indi- 
cated aurally  over  a loudspeaker.  In 
this  way,  the  last  two  digits  are 
found,  and  the  fine  measurement 
step  is  completed. 

Description  of  Equipment 

The  frequency  standard  used  is 
basically  accurate  within  ± 0.001 
percent.  The  frequencies  of  all  out- 
puts of  this  standard  are  adjusted 
simultaneously  by  means  of  a 
vernier-operated  trimmer,  thereby 
providing  a momentary  accuracy  of 
better  than  1 part  in  10  million. 

The  100-kc  and  1-kc  harmonic 
generators  are  of  the  germanium 
diode  type.  The  separate  100  and 
10-kc  harmonic  generator  employs 
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a 6SJ7  and  provides  sufficient 
harmonic  output  that  the  2,000th 
harmonic  can  be  identified  in  the 
receiver.  Harmonics  up  to  the 
1,000th  have  been  used  for  measur- 
ments. 

The  first  mixer  employs  a penta- 
grid  converter  type.  6SA7.  The 
three  filters  discriminate  against 
unwanted  beats  produced  by  adja- 
cent harmonics  of  10  kc  and  1 kc. 
Figure  2 shows  the  characteristics 
of  the  two  low-pass  filters.  The 
sum  of  the  wanted  and  main  un- 
wanted beats  is  always  10  kc  or 
1 kc.  The  curves  show  the  desired 
beat  fb  or  //'  plotted  on  the  abscissa 
against  the  attenuation  of  the  un- 
wanted frequency.  Other  unwanted 
beats  are  either  more  attenuated  or 
too  weak  to  interfere  with  opera- 
tion. 

The  second  mixer  is  shown  in 
Fig.  3.  The  important  advantage 
of  the  push-pull  germanium  diode 
balanced-bridge  arrangement  is 
that  only  odd  mixing  modulation 
product  frequencies  appear  in  its 
output.  Also,  both  fb'  and  //'  dis- 
appear from  the  output  of  the 
mixer. 

The  receiver  used  has  a main  dial 
that  is  accurately  calibrated  in  100- 
kc  steps.  Vernier  and  bandspread 
dials  facilitate  the  measurements. 


A crystal-controlled  variable- 
selectivity  circuit  provides  a very 
narrow  pass  band.  This  feature  is 
important,  since  in  some  measure- 
ments the  receiver  is  used  both  as 
a mixer  and  filter.  The  S meter  al- 
lows the  operator  to  count  and 
identify  the  harmonics  as  well  as 
to  estimate  the  relative  strengths  of 
the  measured  signal  and  harmonics. 

The  audio-frequency  interpola- 
tion oscillator  covers  a band  of  fre- 
quencies from  6 to  6,000  cps.  Its 
dial  is  broad  enough  to  permit 
evaluation  of  about  2 cps  on  the 
most  congested  range  below  500  cps. 
The  oscilloscope  is  conventional. 

Applications 

The  equipment  described  is  used 
mainly  for  measurement  and  cali- 
bration of  fundamental  frequencies 
of  crystals  in  frequency  monitors 
and  oscillator  circuits.  It  is  also 
used  for  adjusting  crystals  and  for 
calibrating  and  measuring  fre- 
quency drift  of  signal  generators 
and  audio  oscillators. 

The  percent  accuracy  of  measure- 
ments depends  on  the  measured  fre- 
quency. Since  at  the  instant  of 
measurement  the  10-kc  and  1-kc 
harmonics  are  standardized  against 
WWV,  the  main  source  of  inaccur- 
acy lies  in  the  interpolation  oscil- 


lator. As  has  already  been  men- 
tioned, the  inherent  accuracy  of 
this  apparatus  is  better  than  1 per- 
cent. However,  by  means  of  a 
switch,  the  interpolation  oscillator 
can  quickly  be  checked  by  compar- 
ing it  "v^ith  the  outputs  of  the  1-kc 


PIG.  2 — Curves  show  characteristics  of 
0 to  500  and  0 to  5.000  low-pass  filters 


FIG.  3 — Frequency  booster  circuit  picks 
out  desired  harmonic  of  1-kc  harmonic 
generator.  Push-pull  crystal  mixer  pro- 
duces only  odd  mixing  modulation 
products 

and  100-cps  standards.  When  ut- 
most accuracy  is  needed,  this  cali- 
bration may  be  performed  immedi- 
ately after  the  reading  is  made 
using  Lissajous  patterns. 

It  has  been  established  in  prac- 
tice that  maximum  error  made 
when  measurements  are  performed 


FIG.  1 — ^Equipment  is  standardised  by  beating  fiftieth  harmomc  of  100-kc  oscillator 
with  5-mc  signal  from  WWV.  Interpolation  oscillator  calibration  may  be  diecked 
against  1.000  cmd  100  cps  subharmonics  of  100-kc  oscillotor 
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is  about  ± 2 cps.  This  happens 
only  when  /*"  is  close  to  and  below 
500  cps.  In  most  other  cases  the 
error  is  about  ± 1 cps.  Thus  when 
referred  to  the  frequencies  usually 
measured,  namely  from  2.5  to  10 
me,  the  average  error  is  from  4 
to  1 part  in  ten  million.  The 
higher  the  measured  frequency,  the 
smaller  the  percent  error. 

After  the  identification  of  the 
harmonics  producing  the  wanted 
beats,  the  main  operations  that  the 


operator  has  to  perform  are:  to 
zero  beat  from  the  speaker,  to  stop 
simultaneously  the  elliptical  pattern 
on  the  oscilloscope  screen  and  im- 
mediately after  that  to  read  the  dial 
of  the  interpolation  oscillator. 
Then,  he  simply  fills  in  the  readings 
on  a form  and  performs  two  simple 
additions  or  subtractions. 

Actual  in-use  experience  with  the 
equipment  for  the  past  two  years 
indicates  that  results  of  measure- 
ments of  the  same  frequency,  inde- 


pendently obtained  by  different 
operators,  do  not  differ  by  more 
than  1.5  cps. 

The  author  wishes  to  thank 
Brynjulf  Berger  whose  suggestions 
and  cooperation  contributed  greatly 
to  the  success  of  this  project,  and 
Joseph  Bagdon  for  his  constructive 
criticism.  He  also  wishes  to  ex- 
press his  appreciation  to  Ernest 
Reuther  for  his  assistance  in  con- 
struction and  adjustment  of  this 
equipment. 


Complex  Tone  Generator  for 
Deviation  Tests 


A SIMPLE  device  to  make  deviation 
measurements  consistent  and  mean- 
ingful is  important  to  maintenance 
men  working  oh  all  f-m  communica- 
tions equipment  because  of  the  re- 
cent FCC  ruling  that  measurements 
must  be  made  on  such  equipment 
at  regular  intervals  for  both  fre- 
quency and  modulation  deviation. 

Manufacturers  have  put  new 
equipment  on  the  market  to  make 
deviation  measurements  due  to 
modulation  very  simple,  but  this 
solves  only  half  the  problem.  If 
tone  is  used  in  making  deviation 
tests  the  measurements  are  quite 
consistent,  but  with  voice  it  is  diffi- 
cult to  get  the  same  results  twice 
even  with  the  same  voice  used  to 
make  all  tests. 

Preliminary  tests  with  new  type 
deviation  meters  prove  that  there 
are  wide  differences  in  the  amount 
of  deviation  caused  by  various  op- 
erators’ voices  even  when  compres- 
sion or  modulation  limiters  are 
used. 

Older  sets  are  usually  not  pro- 
vided with  any  adjustments  what- 
ever and  parts  must  be  replaced  in 
order  to  standardize  the  circuit. 
New  sets  with  compression  and  lim- 
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iter  circuits  provide  some  adjust- 
ment, but  these  circuits  do  not 
operate  the  same  on  tone  as  they  do 
with  voice.  The  amount  of  compres- 
sion produced  with  tone  differs  just 
as  deviation  produced  by  tone  dif- 
fers from  that  produced  by  voice. 

If  average  settings  on  a given 
piece  of  equipment  are  used,  and 
the  equipment  has  no  limiter  or 
compression  circuits,  a fair  sample 
of  voices  will  be  found  to  cause 
deviations  that  vary  up  to  twice  the 
required  deviation.  Adjustments 
are  difficult  to  arrive  at  in  such 
cases  and  some  means  of  standard- 
ization is  essential. 

In  many  early  type  f-m  trans- 
mitters the  adjustments  provided 
to  tune  the  oscillator  circuit  not 
only  cause  considerable  center  fre- 
quency change  but  can  cause  devi- 
ation changes  from  practically  zero 
to  as  much  as  three  times  the  re- 
quired deviation. 

The  device  to  be  described  makes 
it  possible  for  one  man  to  make  ac- 
curate, consistent  adjustments  that 
can  be  standardized.  It  consists  of 
a two-tube  battery-operated  com- 
plex tone  generator  arranged  to 
start  automatically  when  a micro- 


phone is  inserted  in  a special 
holder,  see  Fig.  1. 

Insertion  of  the  microphone  de- 
presses a snap-action  switch  in  the 
filament  circuit  of  the  instant-heat- 
ing tubes.  A headphone  unit  placed 
just  below  the  holder  supplies  the 
microphone  with  a complex  tone.  A 
volume  control  is  provided  to  adjust 
the  output  to  a level  that  will  cause 
a standard  amount  of  deviation.  A 
jack  is  installed  for  connection  of 
an  external  db  meter  so  that  stand- 
ard output  can  be  maintained.  The 
volume  adjustment  may  be  recessed 


FIG.  1 — Circuit  of  the  complex  tone 
generator 


or  provided  with  a locking  device. 

The  oscillator-amplifier  circuit 
used  is  not  as  simple  as  it  might  be 
but  is  stable  and  reasonably  simple 
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to  build.  It  consists  of  a tickler- 
type  feed-back  oscillator  and  is  ad- 
justed by  means  of  the  grid-circuit 
constants  to  generate  a complex 
tone  having  components  over  a wide 
band  of  frequencies.  In  this  way 
the  human  voice  is  simulated  to 
some  degree  and  a more  realistic 
measurement  is  provided. 

The  amplifier  stage  is  necessary 
to  isolate  the  transducer  and  vol- 
ume-control circuits  from  the  oscil- 
lator. Simpler  circuits  cause  the 
tone  to  change  when  the  volume  is 
adjusted;  the  resistance  - coupled 
amplifier  eliminates  this  tendency. 

The  device  shown  was  built  to  be 
used  with  Western  Electric  type-F3 
handsets  or  the  equivalent,  but  the 
circuit  may  be  easily  adapted  to 
most  other  types  of  microphones. 

It  is  important  to  place  the 
microphone  in  a stable  position  over 
the  reproducer.  This  can  be  further 
insured  by  mounting  a leaf-actu- 


ated switch  so  that  the  tubes  will 
not  be  lighted  unless  the  micro- 
phone is  properly  placed. 

The  reproducer  is  mounted  inside 
the  metal  case  just  under  the 
microphone  holder  and  a hole  is  cut 
in  the  box  to  release  the  sound. 

A gimmick  may  be  fastened  to 
the  box  by  means  of  a short  chain 
to  hold  the  pushbutton  down. 

The  oscillator  transformer  may 
be  any  low  or  medium-grade  trans- 
former having  a turns  ratio  of  two 
or  three  to  one.  Low-grade  units 
usually  oscillate  better.  It  is  not 
possible  to  specify  the  exact  size  of 
the  other  grid  circuit  components 
because  they  will  be  dependent  on 
the  transformer  used. 

The  output  transformer  matches 
the  output  pentode  to  a pad  in  the 
500-ohm  range  so  that  standard  db 
meters  can  be  used  without  a cor- 
rection factor.  The  pad  reduces  the 
level  and  matches  the  50-ohm  ear- 
piece. 


Standard  portable  batteries  fit 
within  the  case  and  since  the  device 
operates  only  when  the  microphone 
is  inserted  in  the  holder,  battery 
life  is  long. 

In  deciding  upon  grid-circuit 
values,  it  may  be  helpful  to  view 
the  waveform  on  an  oscilloscope 
while  listening  to  the  reproducer. 
A pleasing  tone  of  apparent  med- 
ium frequency  seems  desirable, 
one  that  looks  quite  complex  but 
does  not  have  any  one  predominat- 
ing component.  Strong  high  fre- 
quency or  supersonic  components 
are  undesirable  and  very  low  fre- 
quencies are  unnecessary. 

By  comparing  the  deviation  pro- 
duced by  this  device  with  a number 
of  average  voices  that  produce  sat- 
isfactory deviation,  a standard  set- 
ting can  be  reached.  If  compression 
and  limiting  are  employed  the  re- 
sult should  be  a satisfactory  and 
uniform  deviation  for  all  units. 


Signal  Strength  Analyzer 

System  of  thyratrons  and  mechanical  counters  automatically  totals  amount  of  time  that 
any  changing  d-c  voltage  exceeds  each  of  twelve  chosen  values.  Provides  greater  accuracy 
at  fraction  of  cost  and  complication  of  other  methods 


CERTAIN  RADIO  FROPAGATION 
studies  require  continuous 
records  of  the  percent  of  time  a 
signal  is  above,  or  below,  selected 
values  over  a range  of  variation. 
For  example,  in  measuring  tele- 
vision signal  strength,  it  is  impor- 
tant to  know  what  percentage  of 
time  a usable  signal  can  be  received 
in  a certain  location. 

One  method  for  determining  this 
voltage-time  information  involves 
the  time-consuming  process  of  go- 
ing over  signal  strength  recorder 
charts  and  adding  up  the  time  in- 
tervals during  which  the  signal  ex- 
ceeds each  level  step.  The  auto- 
matic method  described  here  ac- 
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complishes  the  same  purpose  with 
improved  accuracy  and  with  con- 
siderable economy,  as  compared  to 
other  methods.  Other  applications 
for  the  basic  principle  involved  can 
probably  be  made  to  advantage. 

The  equipment  gives  a direct 
reading  of  the  total  time  that  a 
fiuctuating  voltage  exceeds  each  of 
twelve  selected  values.  The  total 
time  for  each  signal  level  may  be 
read  at  any  desired  time  interval. 

The  analyzer  is  designed  for 
long-term  operation.  Calibration 
drift  is  inherently  small.  The 
equipment  consists  of  two  units,  a 
control  unit  and  a minute  counter 
unit,  the  latter  showing  the  total 


time  in  tenths  of  a minute  on  a 
separate  counter  for  each  voltage 
level.  The  counter-operating  input 
voltage  is  determined  by  the  bias 
on  a miniature  type  thyratron  with 
associated  relay  in  the  control  unit. 
A separate  permanent-magnet  type 
synchronous  motor,  chosen  for  its 
fast  starting  and  stopping  char- 
acteristics, drives  each  counter. 

In  laboratory  tests,  average  time 
measurement  errors  per  on-off  cycle 
have  been  measured  as  low  as  0.01 
second  using  square^wave  keying 
on  one  circuit.  Under  more  normal 
operating  conditions,  as  with  an 
input  voltage  changing  at  the  rate 
of  about  0.5  volt  per  second,  the 
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Fairly-sen^tive,  fast-operating  standard  telephone  relays 
haying  coil  resistances  from  2.500  to  14.000  ohms  hove  been 
used  successfully 


FIG.  2 — ^In  die  actual  equipment,  the  battery  bias  supply  of  Fig.  1 is  replaced 
by  an  a-c  supply  as  shown 


error  may  be  as  large  as  0.1  sec- 
ond per  on-off  cycle.  Test  runs 
were  made  over  various  periods  of 
time,  from  40  minutes  to  24  hours 
using  one  on-off  cycle  per  minute. 

Input  impedance  oi  the  control 
unit  is  on  the  order  of  1 to  2 
megohms,  working  against  ground. 
When  all  the  thyratrons  are  cut  off, 
corresponding  to  maximum  input, 
the  input  impedance  is  determined 
by  the  overall  impedance  of  the 
wiring  and  components  to  ground. 
The  minimum  range  of  input  volt- 
age depends  on  the  use.  For  signal 
propagation  studies  it  appears  to 
be  on  the  order  of  0 to  —15  volts. 
A larger  voltage  range  will,  in  gen- 
eral, reduce  errors  in  measurement. 
Source  impedance  of  the  input 
should  be  as  low  as  possible  and 
preferably  should  not  exceed  50,000 
ohms. 

Principle  of  Operation 

The  basic  functions  will  be  des- 
cribed with  reference  to  the  simpli- 
fied diagram  shown  in  Fig.  1. 
Thyratron  is  the  first  tube  to 
be  cut  off  as  the  input  voltage  is 
raised  above  zero.  A fixed  nega- 
tive bias  of  something  less  than  2 
volts  is  obtained  from  the  bias  sup- 
ply and  adjusted  by  means  of  po- 
tentiometer Ri  so  that  an  input 
voltage  of  the  desired  value  (as- 
sumed to  be  less  than  1 volt)  will 
cut  off  Vi. 

This  de-energizes  which  does 
the  following:  (1)  turns  on  the 
synchronous  motor  driving  counter 
No.  1,  (2)  turns  on  the  neon  light 
No.  1 to  give  a visual  indication  of 
operation,  and  (3)  connects  the  in- 
put circuit  to  the  grid  of  V^.  Tube 
Fa  has  a higher  positive  bias  than 
Fi,  hence  requires  a higher  input 
voltage  to  cut  it  off.  This  operating 
sequence  is  carried  through  12 
stages. 

The  bias  system  shown  permits 
an  independent  and  wide  range  of 
choice  of  the  input  voltage  required 
for  operation  of  each  stage.  The 
orderly  sequence  of  operation  must 
be  preserved.  The  fixed  bias 
divider  may  be  eliminated  by  the 
use  of  suitable  taps  on  the  bias 
battery. 


Only  one  thyratron  in  the  con- 
ducting condition,  which  is  the  only 
condition  in  which  appreciable  grid 


current  can  flow,  is  connected  to 
the  input  circuit  at  any  time.  This 
fact,  and  grid  resistor  R^,  keep  the 
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maximum  grid  current  flowing  in 
the  input  circuit  down  to  less  than 
one  microampere  for  normal  bias 
adjustments  of  a few  volts  differ- 
ence between  adjacent  stages.  The 
conducting  condition  is  maintained 
by  leaving  the  grids  floating  when 
the  tubes  are  not  connected  to  the 
input  circuit.  Plate  resistor  Ra 
limits  the  peak  plate  current  to  a 
conservative  value.  Resistors  Ra 
and  Rs  are  also  important  in  sup- 
pressing spurious  r-f  radiation. 

The  smoothing  filter  Ri  and  C, 
and  the  series  resistor  Ra,  are  ad- 
justed to  give  a minimum  differen- 
tial in  grid  voltage  for  on-off  opera- 
tion of  the  relay. 

Stray  a-c  coupling  in  the  wiring 
is  likely  to  be  sufficient  to  light  the 
neon  light  when  the  counter  motor 
is  disconnected  and  the  relay  con- 
tacts are  open.  Resistor  Ra  serves 
to  reduce  this  voltage,  by  virtue  of 
the  relatively  high  impedance  of 
the  source,  to  a value  insufficient 
to  break  down  the  neon. 

The  circuit  in  Fig.  1 can  be  modi- 
fied to  operate  with  substantially 
the  same  characteristics  for  a zero 
to  positive  input  voltage.  In  this 
case,  the  motor-control  contacts 
should  be  closed  when  the  relay  is 
energized  and  the  grid  to  the  pre- 
ceding stage  should  be  opened.  With 
zero  input  voltage,  the  grids  would 
all  be  connected  to  the  input  and 
biased  beyond  cutoff. 

A d-c  amplifier  can  be  used  on  the 
input  in  those  applications  where 
the  added  instability  factor  of  the 
d-c  amplifier  can  or  must  be 
tolerated. 

Performance 

The  usefulness  of  the  system  is 
determined  by  (1)  its  stability 
with  time,  (2)  the  difference  in 
input  voltage  required  to  open  and 
close  the  relay  contacts,  and  (3) 
the  error  in  time  measurement  of 
grid  controlled  intervals. 

The  average  time  measurement 
error  of  the  present  equipment  has 
been  found  to  be  less  than  1/50 
second  per  time  interval,  or  on-off 
cycle,  for  time  intervals  of  a few 
seconds  or  more.  The  fast  starting 
and  stopping  characteristics  of  the 


synchronous  motor  used  account  for 
the  small  error.  This  motor-  has  a 
low-inertia  rotor,  revolving  at  100 
rpm,  which  is  damped  by  a perma- 
nent magnet  in  the  field.  The  above 
time  measurement  error  will  not  be 
detected  except  with  square-wave 
input. 

-For  maximum  long-term  stabil- 
ity of  this  system,  the  plate  supply 
should  be  regulated.  The  2D21  is 
relatively  insensitive  to  ±10  per- 
cent change  from  normal  heater 
voltage.  The  tube  is  operated  at 
conservative  values  of  plate  current 
and  should  have  a long  life.  The 
grid  operating  voltage  of  the  2D21 
is  satisfactorily  constant  over  a 
wide  range  of  ambient  tempera- 
ture. A set  of  12  tubes  in  normal 
operating  service  has  given  satis- 
factory and  trouble-free  service 
during  the  past  year.  The  bias  sup- 
ply and  all  resistors  must  be  kept 
as  constant  as  possible  under  all 
conditions. 

Sources  of  Error 

The  inherent  errors  in  this  meas- 
uring system  can  be  made  relatively 
small,  as  will  be  illustrated  in  the 
following  example.  Assume  a cali- 
bration error  of  ±0.1  volt  including 
operating  differential  and  drift, 
and  a desired  maximum  error  of  0.5 
db  in  a signal  recording  application. 
This  implies  that  a change  in  re- 
ceiver input  of  0.5  db  must  result 
in  a change  of  not  less  than  0.2  volt 
in  the  receiver  output. 

To  cover  a wide  range  of  signal 
fading,  the  receiver  output  should 
be  a logarithmic  function  of  the 
input,  in  which  case  the  output 
change  will  be  0.4  volt  per  db 
change  of  input.  If  the  system  is 
calibrated  in  6-db  steps,  starting  at 
6 db  above  Ifiv  per  meter  for  in- 
stance, the  12  steps  in  the  analyzer 
will  accommodate  a range  of  72  db 
and  require  a maximum  input  volt- 
age of  28.8  volts.  In  such  practice, 
it  is  desired  to  operate  the  lowest- 
level  stage  as  low  as  possible  if  very 
deep  fading  is  to  be  encountered. 

The  calibration  error  assumed  in 
the  above  example  is  conservative 
and  may  be  much  lower  under 
favorable  conditions.  During  a 7- 


day  test  the  input  voltage  required 
to  operate  the  relay,  including  the 
operating  differential,  was  constant 
to  within  ±0.06  volt.  The  line  volt- 
age was  not  regulated  and  varied 
between  107.5  volts  and  110  volts. 

Less  than  5 percent  of  over  100 
type  2D21  tubes  tested  were  found 
to  have  an  appreciable  change  in 
operating  grid  voltage  depending 
on  the  time  the  tube  was  previously 
in  the  conducting  or  nonconducting 
condition.  A half-minute  in  each 
condition  before  checking  the  on- 
off  operating  grid  voltage  has  been 
sufficient  to  show  this  fault. 

Hum  pickup  in  the  grid  circuit  of 
the  2D21  thyratron  must  be  kept  at 


FIG.  3 — SepcRate  on-ofi  motor  switches 
are  used  to  eliminate  common  a-c 
coupling  through  motors  which  would 
cause  all  neon  lights  to  light  when  ony 
motor  control  relay  is  closed 

a minimum  for  optimum  operation. 
This  requires  some  care  in  the  ar- 
rangement of  the  input  circuit  and 
wiring  The  relay  should  also  be  so 
arranged  that  a separate  stack  of 
contacts  is  used  exclusively  for 
switching  the  grid  into  the  input 
circuit. 

Control  Unit 

The  circuit  diagram  of  the  con- 
trol unit,  Fig.  2,  is  essentially  an 
expansion  of  Fig.  1 to  include  the 
necessary  switches,  power  trans- 
formers and  an  a-c  operated  bias 
supply  to  replace  the  bias  battery 
used  in  the  simplified  version. 

A floating,  a-c  operated,  regu- 
lated bias  supply  is  used.  This  sup- 
ply introduces  some  hum  in  the 
input  circuit.  The  source  of  this 
hum  is  of  fairly  high  impedance 
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and  therefore  has  more  serious  ef- 
fects when  a high-impedance  signal 
input  source  is  used. 

In  some  cases  the  hum  has  been 
reduced  by  introducing  a compen- 
sating voltage  to  ground  from  one 
of  the  transformer  windings  not 
connected  to  the  bias  circuit.  The 
electrostatic  shield  was  found  to  be 
useless  in  these  transformers.  The 
choice  of  the  a-c  plug  polarity  in- 
fluences the  hum  and  therefore  has 
an  effect  on  the  relay  operation  and 
operating  differential.  An  average 
operating  differential  not  exceeding 
0.1  volt  was  obtained  with  a 50,000- 
ohm  input  signal  source. 

Tube  noise  in  a signal  recording 
application  may  give  an  annoying 
variation  in  the  signal  input  oper- 
ating voltage  and  operating  differ- 
ential. This  is  particularly  trouble- 
some with  weak  signals  and  high 
receiver  gain.  A partial  remedy 
may  be  had  in  the  use  of  a low-pass 
filter  in  the  diode  output  of  the  re- 
ceiver. In  this  case  the  resulting 
slower  response  of  the  analyzer 
must  be  taken  into  consideration. 


Counter  Unit 

The  counter  unit  is  usually 
turned  off  when  making  calibration 
adjustments  on  the  control  unit. 
Each  motor  in  the  counter  unit 
(Fig.  3)  must  be  disconnected  sep- 
arately to  eliminate  a common  a-c 
coupling  through  the  motors,  which 
would  cause  all  neon  lights  to  be 
lighted  when  any  motor-control 
relay  contact  is  closed. 

With  five  wheels,  each  counter 
will  register  a total  of  9,999.9  min- 
utes, or  about  166  hours.  Zero  can 
be  reset  manually  if  desired. 

Each  counter  is  driven  by  its  re- 
spective motor  through  a gear  sys- 
tem giving  a speed  reduction  of  100 
to  1,  so  the  right-hand  counter 
wheel  rotates  at  1 rpm  and  reads 
direct  to  1/10  minute.  The  num- 
bers on  the  counter  wheels  are 
about  i inch  high.  The  loads  on  the 
motors  are  so  light  that  they  are 
capable  of  starting  and  running 
backwards  if  there  is  a slight  chat- 
ter in  the  closing  of  the  relay  con- 


tacts. This  was  avoided  by  means 
of  a simple  ratchet  stop  engaging 
4 teeth  cut  in  the  hub  of  the  worm 
mounted  on  the  motor  shaft.  Thus, 
if  started  in  reverse,  the  motor  is 
stopped  in  not  more  than  i revolu- 
tion at  which  point  it  starts  in  the 
forward  direction.  The  maximum 
resulting  error,  which  will  occur 
rarely,  will  be  about  4 revolution  or 
0.3-second  time  lost. 

The  compact  arrangement  of  the 
counter  unit  permits  as  many  as  3 
counter  units,  and  a panel  contain- 
ing reference  time  clocks,  to  be  set 
side  by  side  so  that  a photographic 
record  of  three  measuring  systems 
can  be  made  with  one  camera.  Sig- 
nal-strength recording  systems  in 
use  at  present  employ  a 16-mm 
movie  camera  with  an  exposure 
rate  of  1 frame  every  hour.  A syn- 
chronous, motor-driven  timer  turns 
on  flood  lights  a few  seconds  before 
operating  the  camera  shutter.  A 
7-day  clock  and  a 60-cycle  line-con- 
trolled  clock  are  used  so  that  errors 
due  to  power  failures  will  be 
apparent. 


Accurate  Time  for  Broadcast 

Studios 


Inexpensive  synchronous  clocks  keep  time  within  0.1  sec  when  driven  through  an  audio 
amplifier  at  exactly  60-cps  from  a tuning-fork  controlled  multivibrator . They  can  he  set 

when  the  multivibrator  runs  free  at  55  or  70  cps 


erccURATE  time  is  necessary  in 
Xa every  broadcast  studio  to  com- 
ply with  FCC  program-log  require- 
ments as  well  as  for  coordination 
of  local  and  network  programming. 
For  these  purposes,  an  accuracy  of 
± 1 second  is  adequate. 

Anyone  who  has  investigated 
the  various  means  for  telling  time 
has  found  an  almost  endless  vari- 
ety. The  exactness  that  may  be 
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obtained  is  limited  only  by  the 
complexity  and  cost  that  can  be 
tolerated.  Every  application  has 
its  own  special  requirements.  The 
system  to  be  described  was  de- 
signed to  meet  the  needs  oJ^a  radio 
broadcasting  station  in*  which 
various  sizes  and  models  of  clocks 
were  required  for  the  different 
studios,  control  room,  announce 
booths  and  recording  room. 


Many  radio  stations  subscribe  to 
a commercial  time  service  that  pro- 
vides a special  clock  or  clocks, 
which  are  corrected  by  a timing 
impulse  sent  out  each  hour.  The 
system  to  be  described  comprises 
a 60-cps  multivibrator  controlled  by 
a 240-cps  tuning  fork.  Any  reason- 
able number  of  inexpensive  self- 
starting synchronous  clocks  can  be 
operated  from  the  50-watt  audio 
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amplifier  driven  by  the  time 
standard.  Means  are  provided  for 
speeding  up  or  slowing  down  the 
standard.  The  system  can  be 
checked  to  an  accuracy  of  0.1  sec- 
ond at  any  five-minute  interval 
using  the  standard-time  broadcasts 
of  WWV. 

Ten  clocks  are  in  use  at  present, 
although  this  is  not  the  limit  of  the 
equipment.  The  larger  clocks  re- 
quire about  4 volt-amperes,  but  less 
than  3 watts.  Each  clock  has  been 
adjusted  for  maximum  power  factor 
by  connecting  a capacitor  across 
the  motor  winding,  the  capacitor 
being  mounted  within  the  clock 
case.  The  adjustment  is  not  criti- 
cal and  only  two  values  of  capaci- 
tors are  used,  0.5  ju,f  for  one  type  of 
clock  and  0.75  jxf  for  another.  Over- 
correction of  some  clocks  is  offset 
by  undercorrection  in  others. 

P-F  Correction 

Power-factor  correction  could 
also  be  accomplished  for  the  system 
as  a whole  with  all  clocks  connected. 
This  alternative  is  less  satisfactory 
because  correction  is  not  automatic 
with  the  addition  or  subtraction  of 
clock  units.  Removal  of  the  entire 
clock  load  from  a tuned-output 
amplifier  might  result  in  damage  to 
the  output  transformer. 

Adjusting  the  clock’s  power 
factor  to  unity  is  the  same  as  tun- 
ing the  clock  to  resonance.  The 
method  is  simple  as  shown  in  Fig. 
1.  Various  capacitances  are  tried 
for  each  type  of  clock  used  and 
the  voltage  across  the  resistor  re- 
corded for  each  value.  When  the 
parameters  for  a type  are  plotted 
as  shown  in  Fig.  IB  and  joined  by 
a smooth  curve,  the  capacitance  re- 
sulting in  minimum  voltage  pro- 
vides maximum  power  factor. 

All  of  the  available  clocks  were 
found  to  have  backlash  in  the  gears 
between  the  second  and  minute 
hands  so  that  they  would  not  track 
together.  If  adjusted  to  agree  at 
15  minutes  before  the  hour,  the 
minute  hand  would  lead  the  second 
hand  at  15  minutes  past  the  hour, 
sometimes  by  i minute,  which 
would  then  be  read  as  a full  minute. 

Drags  have  been  installed  on  all 


clocks  so  that  the  minute  hand  is 
being  pushed  at  all  positions.  The 
design  of  the  drag  differs  for  differ- 
ent sizes  and  styles  of  clocks,  but 
usually  consists  of  a thin  phosphor- 
bronze  spring  pressing  against  the 
intermediate  gear  that  transfers 


FIG.  1 — QrcuU  (A)  for  determining 
clock  power  factor.  Varioue  capacitors 
are  tried  and  the  results  plotted  crt  (B). 
Correct  contpensotion  is  secured  with 
copadtonce  giTing  miwimnm  Tolt-om* 
peres 

motion  from  the  minute  to  the  hour 
hand.  It  is  readily  accessible  and 
a drag  at  this  point  takes  up  play 
in  an  the  gear  train  ahead  of  it. 

Counterbalances  were  also  in- 
stalled on  the  minute  hands  of  the 
larger  clocks  to  reduce  the  amount 
of  friction  required  in  the  drag. 
Clocks  so  modified  can  be  used  in- 
discriminately on  either  60-cycle 
power  lines  or  from  the  time 
standard. 

Setting  the  Clocks 

The  time  standard  is  a type 
2001-1  fork  unit  followed  by  a 
multivibrator  that  can  be  locked 


in  at  60  cycles,  at  which  the  output 
is  tuned.  The  entire  assembly  was 
purchased  as  a package  from 
American  Time  Products,  Inc.  It 
is  followed  by  a commercial  audio 
amplifier  designed  to  operate  on 
about  1 milliwatt  input  power  at 
high  impedance.  Additional  ampli- 
fiers can  be  bridged  across  the  same 
60-cycle  source  if  needed  to  operate 
another  set  of  clocks.  Although 
the  nominal  output  power  is  50 
watts,  only  about  40  watts  is  avail- 
able at  the  operating  frequency. 

Necessary  flexibility  in  a clock 
system  requires  that  there  be  a 
means  of  advancing  or  retarding 
the  movement  in  order  to  set  it. 
Although  there  are  a number  of 
systems  possible,  such  as  selsyns 
operating  from  a three-phase  power 
line,  there  is  always  the  danger  of 
correcting  so  rapidly  that  the  in- 
stantaneous frequency  of  the  supply 
falls  beyond  the  capacity  of  the 
clock  to  follow  synchronously.  Be- 
sides, life  of  a clock  run  at  high 
speed  (such  as  120  cps)  is  seriously 
reduced.  Slowing  the  system  by 
simply  shutting  off  power  is  not 
feasible  because  some  clocks  coast 
more  than  others. 

A good  solution  is  modification 
of  the  multivibrator  to  permit 
operation  slightly  above  and  below 
60  cps,  as  shown  in  the  circuit  of 
Fig.  2.  When  switch  Si  is  in  the 
center  position,  normal  operation 
occurs  at  60  cps.  In  the  upper  posi- 
tion the  clocks  run  fast  and  in  the 
lower  they  run  slow.  Because  the 
multivibrator  output  is  tuned  for 
60  cps,  operation  at  a higher  fre- 
quency results  in  reduced  output. 
Accordingly,  resistor  iS,  is  automat- 
ically switched  in  to  reduce  the  60- 
cps  output  but  is  disconnected  dur- 
ing operation  at  higher  or  lower 
frequencies. 

Contacts  on  the  upper  portion  of 
the  switch,  Sia,  in  the  cathode  cir- 
cuit of  the  12AU7  tube,  should  be 
of  the  shorting  type  (make-before- 
break) so  that  there  will  be  no  in- 
terruption of  the  multivibrator  as 
the  switch  is  operated.  The  switch 
should  disconnect  the  tuning-fork 
drive  before  it  has  changed  the 
speed  of  operation  of  the  multi- 
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vibrator  to  either  fast  or  slow 
speed.  This  action  eliminates  beat 
notes  between  the  tuning  fork  and 
the  detuned  multivibrator  and  also 
assists  in  maintaining  uniform  out- 
put voltage.  A switch  having  suit- 
able characteristics  can  be  assem- 
bled from  one  switch  deck  with  non- 
shorting contacts  (disconnecting 
the  input)  and  one  switch  deck  with 
shorting  contacts  (controlling  the 
speed  of  the  multivibrator). 

Frequency  Limits 

The  resistor  and  capacitor  values 
shown  in  Fig.  2 result  in  setting 
frequencies  of  about  70  and  55  cps. 
Frequencies  of  66  cps  and  54  cps 
would  be  somewhat  preferable  since 
the  change  in  each  case  would  then 
be  1 second  in  10,  simplifying  the 
daily  setting  against  WWV  signals. 

The  variable  3,000-ohm  resistor 
Ri  in  the  multivibrator  cathode  cir- 
cuit should  be  initially  adjusted  to 
the  center  of  the  range  over  which 
the  tuning  fork  maintains  control. 
An  oscilloscope  is  handy  at  this 
time.  One  pair  of  plates  is  con- 
nected to  the  amplifier  output  and 
the  other  pair  to  the  60-cps  power 


FIG.  2 — ^Multivibrator  circuit  ordi- 
narily timed  to  60  cps  and  driven  by 
tuning-fork.  In  free-running  positions 
of  switch  Si  it  can  be  used  to  speed 
up  or  slow  down  clock  system  for 
setting 

line.  If  the  clock-amplifier  and  the 
power-line  frequencies  are  the 
same,  the  pattern  on  the  scope  will 
be  stationary.  When  the  multi- 
vibrator is  detuned  so  far  that  the 
fork  loses  control,  the  pattern  will 
rotate  several  times  a second.  The 


condition  becomes  immediately  ap- 
parent with  an  oscilloscope,  where- 
as several  minutes  would  have  to 
elapse  before  a change  in  the  speed 
of  the  clock  system  could  be  de- 
tected. The  exact  speed  of  the  fast 
and  slow  positions  can  be  deter- 
mined in  the  same  manner  if  a 
calibrated  audio  oscillator  is  used 
instead  of  the  power  line  on  one 
pair  of  plates. 

It  will  be  noticed  that  the  wave- 
form of  the  time  standard  is  not 
perfectly  sinusoidal.  Few  com- 
mercial 50-watt  amplifiers  are  de- 
signed for  full  undistorted  power 
output  at  frequencies  as  low  as  60 
cps.  Usually  most  of  the  distortion 
occurs  in  the  output  transformer. 
However,  it  is  almost  impossible  to 
produce  sufficient  overload  distor- 
tion to  disturb  the  operation  of  the 
clocks. 

Auxiliary  Power 

It  was  not  considered  necessary 
to  provide  a spare  amplifier  or  tun- 
ing fork.  Instead,  provision  is 
made  to  switch  the  clock  system 
automatically  onto  commercial 
power  if  the  regulated  supply  falls 
below  90  volts.  At  the  same  time, 
power  is  removed  from  the  ampli- 
fier, tuning  fork  and  multivibrator 
and  a warning  light  goes  on  at 


master  control.  As  shown  in  Fig. 
3,  power  is  available  from  two  sep- 
arate trunks.  Commercial  power 
for  the  emergency  operation  of  the 
clocks  is  obtained  from  the  trunk 
other  than  that  used  for  the  ampli- 
fier. A plug-and-socket  system  al- 
lows rearrangement  of  power  in- 
puts. 

The  undervoltage  relay  used  to 
transfer  the  clocks  from  one  system 
to  the  other  is  a standard  5-pole 
double-throw  type  designed  for  115 
volts  60  cps.  A resistor  Ri  can  be 
added  to  cause  the  relay  to  drop  out 
with  90  volts  across  the  coil  and 
resistor  in  series.  In  the  unoperated 
position  of  the  relay,  this  resistor 
is  shorted  out  in  order  that  the 
voltage  at  which  the  relay  charac- 
teristically closes  will  not  be  essen- 
tially altered  by  this  addition.  The 
contacts  should  be  adjusted  so  that 
as  the  voltage  across  the  relay  is  re- 
duced contacts  2 and  3 open  before 
contacts  10  and  11  close.  This  ar- 
rangement will  prevent  any  tend- 
ency towards  chattering  in  normal 
operation.  Since  the  relay  is  con- 
nected across  the  amplifier  output, 
its  power  factor  should  be  com- 
pensated as  was  that  of  the  clocks. 

Maintenance  practice  demands 
that  the  amplifier  system  be  checked 
periodically.  This  is  accomplished 


FIG.  3 — Automatic  switching  circuits  to  transfer  clock  system  from  regulated  60-cps 
Source  to  commercial  power.  Amplifier  and  associated  circuits  can  be  checked 
without  interfering  with  clocks.  Two  power  mains  insure  continuity  of  service 
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by  means  of  the  dpdt  switch  Si  in 
the  COMMERCIAL  SOURCE  position. 
It  applies  power  to  the  amplifier 
without  disconnecting  the  clocks 
from  the  commercial  system.  A 40- 
watt  lamp  load  is  connected  to  the 
output  of  the  amplifier  at  the  same 
time. 

After  the  amplifier  has  been  ad- 
justed for  normal  output,  pushbut- 
ton Ss  (Fig.  3)  is  held  down,  main- 
taining an  uninterrupted  supply  of 
power  to  the  amplifier  while  the 
dpdt  switch  Si  is  returned  to  the 
REGULATED  SOURCE  position. 

To  facilitate  maintenance,  a 
plate-current  metering  system  is 
used,  with  appropriate  resistors 
connected  in  the  plate  or  cathode 
circuit  of  each  tube.  A rotary 
triple-pole  switch  connects  a 1- 


milliampere  meter  across  the  re- 
sistors in  sequence.  For  a-c  meas- 
urements on  the  output  voltage 
from  the  amplifier  and  that  of  the 
power  lines,  a copper-oxide  rectifier 
is  switched  into  the  circuit.  The 
meter  and  selector  switch  are  illus- 
trated. 

Clock  Outlets 

Special  outlets  are  installed  in 
the  clock  wiring  system  so  that  it 
is  impossible  to  plug  in  other  de- 
vices. The  outlets  are  Hubbell  6822 
or  equivalent  two-wire  polarized. 
Alternatively,  a standard  double-T 
slot,  single,  plastic  receptacle  can  be 
modified  by  cementing  Bakelite 
plugs  in  the  arms  of  one  of  the  T’s. 
Each  clock  is  equipped  with  a 6918 
polarized  plug  cap.  This  cap  can  be 


used  in  any  receptacle  having 
double-T  slots,  allowing  the  clocks 
to  be  tested  on  commercial  power. 

Standardizing  the  System 

In  order  to  compare  the  system 
with  the  standard  time  signals 
from  WWV  the  special  clock  (illus- 
trated) was  assembled.  It  com- 
prises a B3  Telechron  motor  operat- 
ing at  1 rps,  mounted  with  a suit- 
able face  plate,  cover  glass  and  in- 
dicating hand.  The  dial  is  divided 
into  ten  portions  as  shown.  The 
hour,  minute  and  second  are  de- 
termined from  a standard  clock, 
while  tenths  of  a second  are  clearly 
indicated  by  the  position  of  the 
hand  at  the  start  of  the  tick  from 
standard-frequency  station  WWV. 
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UHF  Communications  System 

Crystal-controlled  microwave  transmitter  and  companion  double-superheterodyne  receiver 
operating  in  940-960  me  band  provide  seven  voice  channels  for  communication,  telemeter- 
ing and  remote  control,  with  maximum  bad-weather  reliability  for  public  utility  systems 


Expansion  of  the  facilities  of 
industrial  organizations  such 
as  power  companies,  railroads  and 
pipe  lines  has  created  an  increasing 
demand  for  point-to-point  com- 
municatiolt  facilities  for  voice  com- 
munications, supervisory  control, 
telemetering,  load  control,  protec- 
tive relaying  and  allied  functions. 
However,  the  crowding  of  the  lower- 
frequency  spectrum  and  the  sus- 
ceptibility of  wire  lines  to  outage 
in  sleet  storms  and  other  bad 
weather  make  it  desirable  to  per- 
form many  of  these  functions  by 
using  uhf  radio  equipment. 

An  analysis  of  possible  customer 
applications  indicated  that  most 
customer  needs  could  be  met  with 
seven  voice  channels  and  that  a 
large  number  could  be  met  with  as 
low  as  four  voice  channels.  Based 
on  this  investigation,  it  was  decided 
to  develop  microwave  equipment 
operating  in  the  940-960  me  band, 
having  a signal  bandwidth  of  30  kc, 
and  to  develop  audio  multiplexing 
equipment  which  could  transmit 
seven  voice  channels  in  the  30-kc 
band.  In  applying  the  voice  chan- 
nels, several  tones  can  be  used  in 
each  channel  to  pemit  several  func- 
tions to  be  carried  out  simultane- 
ously. 

A block  diagram  of  the  uhf  trans- 
mitter and  receiver  is  given  in  Fig. 
1.  The  6-mc  phase-modulated  crys- 
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tal  oscillator  is  followed  by  four 
tripler  stages  and  a doubler  output 
stage  to  get  to  the  desired  output 
frequency.  The  receiver  is  a double 
superheterodyne  type  with  crystal- 
controlled  oscillator  and  a tunable- 
cavity  preselector  at  the  input. 

UHF  Transmitter 

A phase  modulator  was  chosen 
for  the  transmitter  because  of  cir- 
cuit simplicity  and  because  it  per- 
mitted direct  crystal  oscillator  con- 
trol of  frequency.  A reactance  tube 
may  be  used  for  phase  modulation, 
but  it  has  a disadvantage.  The 
output  circuit  of  such  a reactance 
tube  will  ordinarily  have  inductive 
and  capacitive  components  of  ad- 
mittance which  are  individually 
large  compared  to  the  conductive 


component.  To  minimize  harmonic 
distortion,  however,  the  variable  re- 
active admittance  introduced  by 
modulation  must  at  maximum  mod- 
ulation be  small  compared  with  the 
conductive  component  and  therefore 
very  small  compared  with  the  indi- 
vidual reactive  component  of  the 
circuit  admittance.  Thus  a very 
accurate  tuning  adjustment  of  the 
tank  circuit  is  required  to  maintain 
the  entire  output  circuit,  including 
the  reactance  tube,  normally  con- 
ductive. 

. Variable  Conductance 

The  phase  modulator  used  is  a 
variable-conductance  type  in  which 
the  reactive  components  of  the  out- 
put circuit  admittance  do  not  di- 
rectly enter  into  the  phase  devia- 
tion. This  results  in  a phase  modu- 
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lator  which  is  not  highly  critical  in 
adjustment  for  very  low  percent- 
ages of  harmonic  distortion.  This 
phase  modulator  is  inherently  re- 
generative since  its  function  is  to 
provide  a "variable  negative  conduc- 
tance, but  circuit  constants  were 
selected  which  eliminated  the  possi- 
bility of  oscillation. 

The  variable-conductance  phase 
modulator  is  represented  in  the 
simplified  diagrams  of  Fig.  2.  Modu- 
lator tube  Vi  varies  the  conductance 
of  the  load  offered  to  the  crystal 
oscillator  tube  by  tank  circuit  Ci-Ti. 
The  equivalent  circuit  in  Fig.  2B 
shows  that  the  modulator  presents 
an  admittance  to  terminals  1 and  2 
that  contains  a negative  conductance 
vector  whose  magnitude  is  propor- 
tioned to  the  transconductance  Gm 


of  Fi.  This  admittance  vector  is 
then  combined  vectorally  with  the 
admittance  of  the  load  circuit  to 
produce  a susceptance  vector  whose 
angle  is  a function  of  the  G„  of  the 
modulating  tube.  If  the  operating 
point  of  the  phase  modulator  tube  is 
selected  so  that  G„  is  a linear  func- 
tion of  modulation,  then  the  phase 
of  the  current  in  the  load  circuit  is 
a linear  function  of  modulation. 


Figure  2C  is  equivalent  to  Fig. 
2B  with  E'  representing  the  mod- 
ulating voltage.  The  following  equa- 

tions  can  be  set  up : 

(1) 

Ip  = G„E'  + -5 

Kp 

(2) 

E(R+jo,L') 

R + j (c^L' - 1/<^C') 

(3) 

If  we  combine  these  equations 
and,  by  proper  design,  make  l/toC" 
very  much  greater  than  R -f-  jaL', 
we  obtain 

j(<oC'  + O^Sa>C')  (4) 

Since  G„R  is  very  much  less  than  1 
and  "<oC"  is  very  much  greater  than 
G„R(iiC',  there  remains 

Y = i--On,o^L'e  +jo>C'  (6) 

tip 

We  can  now  replace  Fig.  2 A with 
Fig.  2D,  with  G,  representing  the 
equivalent  parallel  conductance  of 
Ti  including  secondary  loading. 
Here  -j/iaL  is  the  inductive  sus- 
ceptance of  the  transformer,  /a>C  is 
the  capacitive  susceptance  of  all 
capacitances  involved,  1/Rp  is  the 


positive  conductance  of  the  modula- 
tor tubes,  and  — ti>*  L'C'  is  the 
negative  conductance  of  the  modu- 
lator circuit. 

The  vector  diagram  of  Fig.  2E 
shows  the  addition  of  all  of  these 
admittances,  giving  a resultant  sus- 

Table  I — System  Characteristics 


Tuning  range — 940-960  me 
Transmitter  output — 5 watts 

Transmitter  spurious  output 60  db 

Frequency  stability — better  than  0.005% 
Receiver  sensitivity — 10  microvolts  input 
for  20  db  noise  quieting 
Rejection  of  modulated  signal  1 me  from 
center  frequency  of  receiver — 80  db 

Receiver  spurious  response 70  db 

System  noise  and  distortion — less  than  1 % 
System  intermodulation — less  than  1% 
Maximum  channel  attenuation  permissible 
—125  db 


FIG.  2 — ^Phase  modulator,  with  equivalent  circuits  and  admittance  vector  diaqrom 


ceptance  B which  varies  by  the 
angle  0 as  is  varied  by  modula- 
tion. If  0 is  kept  small  enough  so  it 
is  approximately  equal  to  tan  0,  then 
the  phase  of  the  oscillator  current 
varies  linearly  with  modulation. 

The  low-power  multiplier  (trip- 
ler)  stages  of  the  transmitter  con- 
sist of  push-pull  triode  tubes.  Push- 
pull  operation  was  chosen  to  elimi- 
nate even-order  harmonics.  A small 
amount  of  regenerative  feedback 
(well  below  that  required  for  os- 
cillation) in  each  stage  improves 
efficiency.  Tuning^  components  are 
selected  so  that  the  multiplier 
stages  cannot  be  tuned  to  the  wrong 
harmonic. 

Mechanical  and  electrical  features 
of  the  driver  and  output  stages  both 
using  Lighthouse-type  planar-ele- 
ment triodes,  are  shown  in  Fig.  3. 
The  input  (cathode)  circuit  of  the 
driver  stage  extends  outside  the 
plumbing  assembly  and  is  adjusta- 
ble in  inductance  by  positioning  of 
the  crossbar  which  connects  be- 
tween the  cathode  posts  of  Fi  and 
Vi,  The  heater  and  cathode  d-c 
leads  are  contained  inside  the 
plumbing  assembly  and  leave  it  at 
the  r-f  ground  potential.  The  480- 
mc  output  circuit  of  Fi  is  a cavity 
tuned  by  C*.  An  adjustable  re- 
generative feedback  control  Ci  is 
provided  to  improve  efficiency. 

The  480-mc  output  of  Fi  couples 
to  the  cathode  input  circuit  of 
doubler  amplifier  Vi  through  an 
orifice  connecting  the  two  cavities. 
This  cathode  input  circuit  is  fixed 
tuned  and  is  designed  to  be  resonant 
below  normal  operating  frequency. 
The  Vi  output  circuit  is  tuned  by 
Cl  and  also  has  a regenerative  feed- 
back control  Cs  to  improve  efficiency. 
Output  (940-960  me)  from  this 
cavity  is  taken  from  loop  Li,  which 
is  normally  connected  to  the  trans- 
mitting antenna  through  coaxial 
cable.  An  additional  loop,  Li,  is  pro- 
vided for  monitoring. 

UHF  Receiver 

At  the  input  of  the  receiver  is 
a double-tuned  cavity-type  prese- 
lector. This  unit,  together  with  the 
last  tube  in  the  local  oscillator 
multiplier  chain  and  the  detector 


314 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


crystal,  is  shown  in  Fig.  4.  The 
inductances  and  capacitances  indi- 
cated symbolically  here  actually  con- 
sist of  posts  and  diaphragms  ex- 
tending into  and  across  the  walls 
of  a rectangular  cavity.  Thus,  Lj 
and  Cj  represent  one  tuned  circuit 
which  is  coupled  by  diaphragm  M2 
to  another  tuned  circuit  represented 
by  La  and  Ca.  These  two  tuned 
coupled  circuits  provide  the  selec- 
tivity desirable  for  discrimination 
against  strong  off-frequency  signals 
from  radar  sets  and  other  high- 
powered  equipment  which  might 
shock-excite  the  cavity  and  damage 
the  detector  crystal. 

Radio-frequency  input  to  the  cav- 
ity is  obtained  by  means  of  a post 
represented  by  Lj,  which  is  coupled 
to  the  two  tuned  circuits  by  another 
post  represented  by  AL.  The  plate 
tank  circuit  of  local  oscillator  multi- 
plier tube  Vi  comprises  a post  and 
tuning  screw  represented  by  L*  and 
Ce.  The  incoming  r-f  signal  from 
the  double-tuned  preselector  circuit 
and  the  output  from  the  local  oscil- 
lator are  coupled  to  the  detector  cir- 
cuit by  another  post  represented  by 
Li.  To  give  further  protection  to 


the  crystal  detector  against  the  pos- 
sibility of  excitation  of  the  cavity 
by  higher-frequency  signals  which 
might  cause  the  cavity  to  resonate 
under  some  other  mode,  a low-pass 
filter  consisting  of  La,  Ci  and  C4  is 
inseTted  between  the  cavity  output 
post  and  the  crystal  dotector. 

To  facilitate  tuning  the  pre- 
selector, a loading  resistor  can  be 
placed  in  each  tuned  circuit  of  the 
cavity  to  load  it  so  that  the  other 
section  can  be  tuned  independently. 
The  cathode  cavity  of  ViVtvhich  acts 
as  a tripler  stage,  is  excited  at 
about  340  me  from  the  local  oscil- 
lator multiplier  chain.  The  output 
of  the  crystal  detector  is  at  67  me. 

Generally  speaking,  the  larger  the 
power  output  from  a uhf  tube,  the 
shorter  its  life.  This  makes  it  de- 
sirable to  limit  transmitter  power 
output  to  a minimum  and  obtain 
maximum  range  by  increased  re- 
ceiver sensitivity.  At  lower  fre- 
quencies, atmospheric  noise  usually 
limits  sensitivity  of  receivers  and 
we  are  forced  to  operate  at  very 
high  transmitted  power  levels  to  get 
great  range.  In  the  uhf  band,  how- 
ever, there  is  little  atmospheric  or 


FIG.  4 — Receiver  preselector,  crystal 
mixer  and  last  tube  of  local  oscillator 
multiplier  chain 


man-made  noise  and  the  limiting 
noise  usually  is  that  generated  in 
the  receiver  itself.  With  this  in 
mind,  the  low-noise-figure  amplifier 
of  Fig.  5 was  used  as  the  first  i-f 
amplifier  of  the  receiver.  The 
amplifier  input  circuit  consists  of  a 


FIG.  3 — ^Mechanical  and  electrical  details  of  plumbing  used  with  Lighthouse  tubes  for  driver  and  output  stages  of  transmitter 
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FIG.  5 — Details  of  67-mc  i-i  amplifier,  which  feeds  into  second  mixer  stage  to  produce 


10.7-mc  second  i-f  value  for  further  amplification 


triode-connected  6AK5  which  drives 
a grounded-grid  6J6  stage.  This 
combination  has  the  gain  and  stab- 
ility of  a pentode  and  the  low  input 
impedance  of  a triode,  giving  a very 
low  noise  figure. 

The  amplifier  tank  circuits  are 
tuned  by  adjustable  brass  slugs. 
The  coils  are  shunted  by  capacitors 
to  minimize  variations  in  tuning 
with  variations  in  tube  character- 
istics. These  circuits  are  damped 
by  6,800-ohm  resistors  in  the  grid 
circuits  of  succeeding  stages  to  ob- 
tain desired  band-pass  character- 
istics. 

The  overall  gain  at  67  me  from 
the  crystal  to  the  second  mixer  grid 
is  about  90  db.  Remote-cutoff  tubes 
are  used  and  avc  voltage  is  applied 
to  prevent  nonlinear  operation  of 
the  receiver,  giving  adjacent-chan- 
nel performance  comparable  with 
the  overall  selectivity. 

The  second  mixer  is  a type  6J6 
dual-triode,  with  the  output  signal 
from  the  67-mc  i-f  stages  fed  to 
one  grid  and  a local  oscillator  signal 
fed  to  the  other  grid.  A common 
cathode  inductance  mixes  the  two 
signals  to  give  a 10.7-mc  output 
which  is  fed  to  the  second  i-f  ampli- 
fier. 

The  10.7-mc  i-f  amplifier  assem- 
bly is  largely  conventional  in  design, 
using  three  6AU6  amplifier  stages 
operated  with  fixed  bias.  The  gain 
per  stage  is  about  25  db.  The  i-f 
transformers  for  these  stages  are 
slightly  under-coupled  and  loaded  to 
give  the  desired  pass  band. 

The  avc  voltage  for  the  67-mc  i-f 
amplifier  is  obtained  from  a dy- 
namic limiter  circuit,  which  is  effec- 
tively a voltage  doubler  operating 
across  the  output  of  the  last  10.7-mc 


i-f  transformer.  The  avc  voltage  is 
delayed  by  the  connection  of  a 1- 
megohm  resistor  to  -)-150  volts.  The 
avc  bus  is  prevented  from  going 
positive  by  half  of  a 6AL5  dual- 
diode connected  to  it. 

Additional  limiting  at  10.7  me  is 
obtained  in  a grid  bias  limiter  using 
a 6AU6  tube.  This  limiter  is  oper- 
ated with  a short  time  constant  in 
its  input  grid  circuit  to  enable  it 
to  handle  high-frequency  amplitude 
modulation  produced  by  adjacent- 
channel  signals. 

The  frequency  discriminator  is  of 
the  ratio-detector  type.  The  trans- 
former is  tuned  by  a variable  air 
dielectric  capacitor  in  the  primary 
and  a powdered  iron  slug  in  the 
secondary.  The  fixed  secondary 
capacitor  is  of  the  zero-tempera- 
ture-coefficient  type  to  minimize 
effects  of  changing  temperature.  A 


bifilar  winding  is  used  for  the 
secondary  to  maintain  good  balance. 

The  audio-frequency  amplifier 
consists  of  three  stages — a pentode 
voltage  amplifier,  a pentode  phase 
inverter,  and  push-pull  pentode  out- 
put tubes  with  cathode  circuits  pro- 
vided with  a means  of  balancing 
anode  currents  for  minimum 
harmonic  distortion.  The  amplifier 
is  designed  to  give  outputs  up  to 
-t-16  dbm  with  low  distortion  at 
frequencies  up  to  30,000  cycles. 

After  extensive  laboratory  tests, 
preproduction  models  of  this  equip- 
ment were  installed  on  the  property 
of  the  Pennsylvania  Electric  Corp. 
near  Johnstown,  Pennsylvania,  and 
put  in  operation  in  February  1949. 
These  sets  have  been  operating  on  a 
24-hour-a-day  basis  to  supply 
voice  communications,  telemetering, 
supervisory  control  and  protective 
relaying. 
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Traveling-Wave  Chain  Amplifier 

An  aperiodic  traveling-wave  amplifier  with  a bandwidth  from  10  kc  to  200  me  uses 
standard  pentodes,  six  per  stage,  and  provides  a gain  of  10  db.  Stages  may  be  cascaded 
where  greater  gains  are  required.  Uses  Percival  delay-line  coupling,  or  distribution 

By  H.  G.  RUDENBERG  AND  F.  KENNEDY 


The  chain  amplifier  represents 
a high-frequency  circuit  using 
an  additive  principle  which  circum- 
vents the  limits  restricting  single- 
tube wide-band  amplifiers  which 
have  been  described  by  Wheeler  and 
others.  Figure  1 presents  a sche- 
matic comparison  of  the  classes  of 
circuits  normally  used  for  high-fre- 
quency amplifiers,  and  the  further 
development  into  a full  chain.  For 
purposes  of  comparison,  only  the 
interstage  coupling  networks  are 
shown.  Figure  2 shows  the  experi- 
mental circuit  and  response  of  an 
early  form  of  such  an  amplifier. 

The  circuit  utilizes  a chain  of 
vacuum  tubes,  the  grids  of  which 
are  connected  to  the  various  nodes 
of  one  delay  line  and  the  plates  of 
the  tubes  to  the  corresponding 
nodes  of  a second  line  of  similar 
time  delay.  These  lines  can  be 
lumped-constant  low-pass  filters, 
having  series  inductances  separat- 
ing the  shunt  capacitances  which 
include  those  of  the  tube  elec- 
trodes and  wiring.  Traveling 
waves  impressed  on  the  grid 
line  at  one  end  of  the  chain 
emerge  at  the  opposite  end  of  the 
chain  on  the  plate  line,  amplified  by 
the  tubes  which  essentially  operate 
in  parallel.  Stages  are  cascaded  by 
connecting  to  the  plate  line  of  the 
first  chain  the  matched  grid  line  of 
another  amplifier  chain  through  ap- 
propriate coupling  networks. 

Primarily  the  improved  perform- 
ance of  the  Percival  circuit  is  due  to 
the  separation  of  the  interelectrode 
capacitances  of  adjacent  tubes. 
Thus,  the  impedances  and  limiting 
frequencies  of  the  delay  lines  are 
a function  of  the  electrode  and 

* Nbw  with  the  Raytheon  Manufacturing 
Co.  at  Waltham,  Mass. 


stray  capacitances  of  only  one  tube. 

The  overall  transconductance  is 
determined  by  the  additive  effect 
of  the  transconductances  of  all  the 
tubes  in  the  chain,  because  their 
plates  are  conductively  connected 
together  in  the  load  circuit.  Thus 
we  obtain  the  paradoxical  result  of 
added  transconductances  and  sep- 
arated tube  capacitances. 

Traveling-Wave  Tube  Comparison 

The  traveling-wave  or  helix  tube 
of  Kompfner  and  its  later  develop- 
ment by  Pierce,  Field  and  others  is 
much  more  recent  than  the  chain 
circuit.  Its  operating  principles 
are  quite  different  from  those  of  the 
pentodes  used  in  the  chain  ampli- 
fiers, being  more  analogous  to  the 
operation  of  a klystron.  Basically, 
the  traveling-wave  tube  is  char- 
acterized by  a completely  distrib- 
uted helix  coaxial  with  an  electron 
beam.  Electromagnetic  waves 
traveling  on  the  helix  from  the 
cathode  end  toward  the  collector 
(Fig.  3)  continuously  interact  with 
the  electron  beam  and  travel  down 
the  tube  with  approximately  the 
same  velocity  as  the  electrons. 

In  the  simpler  forms  of  these 
tubes  the  amplified  wave  is  taken 
off  from  the  output  end  of  the  helix. 
This  contrasts  markedly  with  the 
chain  amplifier  which  consists  of  a 
number  of  pentodes  linking  two 
lumped-constant  delay  lines.  Here 
the  electrons  flow  from  the  grid  line 
to  the  plate  line  within  each  tube. 
They  only  flow  down  the  plate  line 
after  leaving  the  tubes. 

These  differences  of  operation  re- 
sult in  considerable  differences  of 
characteristic.  The  standard  tubes 
of  the  Percival  chain  circuit  are 
used  with  a conventional  power 


supply  of  several  hundred  volts.  The 
Kompfner  helix-type  traveling-wave 
tube  is  commonly  operated  at  sev- 
eral thousand  volts. 

The  fact  that  several  wave 
lengths  of  a high-frequency  wave 
on  the  helix  are  necessary  to  ensure 
proper  space  charge  bunching  and 
wave  amplification  means  that 
such  a tube  will  operate  at  high 
frequencies,  usually  several  hun- 
dred or  thousand  megacycles.  In 
fact,  no  longitudinal-velocity-modu- 
lated tube  will  operate  at  very  low 
frequencies.  Furthermore,  the  con- 
ductively common  input  and  output 
circuit  of  the  helix  tube  would  only 
lead  to  regeneration  at  low  fre- 
quencies. In  addition,  the  require- 
ment of  a definite  constant  electron 
beam  velocity  makes  the  tube  quite 
critical  in  regard  to  beam  voltage. 

On  the  other  hand,  the  chain 
amplifier  circuit,  with  proper  cou- 
pling networks,  can  perform  at  low 
frequencies  and,  in  principal,  at  d-c. 
The  plate  and  grid  circuits,  al- 
though delay  lines,  are  physically 
separate  from  each  other  and 
should  have  no  coupling  other  than 
that  provided  by  the  electron 
streams  of  the  many  tubes.  Thus, 
although  the  upper  frequency  limit 
of  the  chain,  as  limited  by  most 
pentodes,  is  near  300  megacycles, 
this  bandwidth  represents  many 
decades  of  the  spectrum.  On  the 
other  hand,  a bandwidth  of  1,000 
megacycles  at  3,000  megacycles,  a 
representative  traveling-wave  tube 
operating  point,  is  not  even  one 
octave  of  relative  bandwidth. 

In  order  to  calculate  the  perform- 
ance of  a chain  amplifier  we  must 
first  examine  its  operation  in  more 
detail.  The  plate  current  of  each 
tube  divides,  one  half  traveling 
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FIG.  1 — Schematic  comparison  of  seTeral  circuits  normally  used  for  high-frequency 
amplifiers  and  the  further  development  into  a full  chain  amplifier 


forward  and  the  other  half  back- 
ward along  the  anode  line  to  its 
termination  or  load.  Consequently, 
at  the  output  end  of  the  plate  line, 
Fig.  4,  the  currents  traveling  for- 
ward from  all  the  anodes  will  add, 
provided  that  their  phases  are  S3m- 
chronous.  This  condition  is  achieved 
with  lines  having  equal  delays. 

The  parallel  operation  of  the 
tubes  is  most  easily  visualized  by 
noting  that  the  contributions  to  the 
output  from  all  tubes  have  traveled, 
either  on  the  grid  or  on  the  plate 
line,  through  the 'same  number  of 
delay-line  sections.  The  currents 
traveling  backward  on  the  plate  line 
are,  except  at  the  lowest  and  high- 
est frequencies,  out  of  phase  with 
each  other  and  nearly  cancel.  They 
are  absorbed  by  the  plate  resistor 
which  should  be  chosen  to  prevent 
reflections.  This  also  applies  to  the 
grid  terminating  resistor. 


CUTOFF  FREQ  48  MC,  USEFUL  BANDWIDTH  40  MC 
CAPACITANCES  INCLUDE  TUBE  AND  WIRING 


FIG.  2 — ^Experimental  full  chain  circuit  used  to  check  derign  equations.  One  half 
■oi  a push-pull  amplifier  circuit  is  shown.  The  grqph  shows  the  goin  of  the  delay- 
line-coupled  troveling-wave  amplifier.  The  Improvement  obtcdned  through  the 
use  of  m-derived  terminating  sections  over  a constcmt-coupling  termination  is  obvious 
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FIG.  3 — The  chcdn  omplifler,  which 
is  not  to  be  confused  with  die  traveling- 
wave  tube 


of  a chain  amplifier  divides,  one  half 
traveling  forward,  and  adding  with 
that  of  other  tubes,  and  the  other  hcdf 
traveling  backwards  and  canceling 
with  backward  currents  from  other  tubes 
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Operation  and  Design 

Figure  5 lists  the  theoretical  and 
design  equations  which  can  be  de- 
rived from  a combination  of  well- 
known  tube  and  delay-line  formulas. 
For  a simple  line  all  the  standard 
delay-line  design  equations  are  ap- 
plicable. Two  important  design 
factors  should  be  considered.  The 
first  is  optimum  gain  per  chain. 
Cascading  of  stages  with  gains  less 
than  unity  is  useless.  However,  in 
stages  with  large  gains  additive 
connections  of  tubes  increase  the 
gain  more  slowly  than  multiplica- 
tive connections. 

The  optimum  balance  occurs 
when  enough  tubes  are  added  to  a 
chain  to  achieve  a gain  oiE  =■  '2.718 
(8.7  db)  and  then  such  chains  are 
cascaded.  Such  a design  is  most 
economical  of  tubes.  As  a gain  of 
E is  nearly  10  db,  this  value  was 
used  in  the  design  of  a •commercial 
amplifier  circuit  (Fig.  6). 

Secondly,  the  adverse  effects  on 
the  frequency  response  of  both  the 
back  wave  of  the  amplifier  and  the 
standing  waves  on  the  lines  must  be 
avoided  by  matching  the  delay  lines 
to  their  terminating  resistors.  This 
required  the  use  of  m-derived 
terminating  sections. 

Linear  phase  and  impedance 
characteristics  are  two  other  im- 
portant considerations  in  chain 


amplifier  design.  Mutual  induct- 
ance between  adjacent  sections  of 
ihe  delay-line  coils  improves  these 
characteristics  considerably.  Equal- 
ity of  both  the  impedance  and  the 
delay  of  the  grid  and  plate  lines  is 
achieved  by  padding  the  plate  cir- 
cuits with  small  capacitors. 

Practical  Considerations 

In  the  actual  design  and  construc- 
tion of  a chain  amplifier  the  first 


consideration  is  the  type  of  delay 
line  to  be  used.  The  low-pass  filter 
with  separate  coils  can  be  consider- 
ably improved  by  using  mutual- 
inductance  coupling  between  adja- 
cent sections.  This  is  illustrated 
in  Fig.  7.  The  continuous  coil,  as 
illustrated  in  the  photograph,  is  the 
simplest  from  a mechanical  view- 
point. Furthermore,  owing  to  the 
construction,  a large  coefficient  of 
coupling  is  achieved  between  adja- 


For  one  tube: 

•p*~9mEg  Ep*'9mEg-^ 

For  n lubes:  Coin  » ^ ng,„  Z 
Deloy  line: 

® ^LC  TtU 

Propogotion  Constant  • 0<  + j ^ 
when  CX*0;  sinj^/Z  * {a)/(jd^ 

O'”*  z 

For  one  chain  of  n parallel  tubes  combined 
into  one  stage: 

"Om  _-nOt  /a 

Gain*  0-^E  Phose  Deloy  • n P 

Optimum  design  for  cascading: 

Gain  E • 2.718  (8.7  db)  per  stage: 

n * EO^gC/gm  • 20  fc  C/g„ 

Time  Deloy*  6 C/gn,  per  stoge 
Band  Width  f « g,p/20  C per  tube  using 
6 AK5  tubes,  0.01  ^sec  delay  per  stoge, 
and  40-mc  bandwidth  per  tube 


FIG.  5 — Theoretical  and  design  equations  derived  from  a combination  of  well- 
known  tube  and  delay-line  formulas 
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cent  sections  of  the  line.  This  has 
the  beneficial  effect  of  a more  linear 
phase  response. 

A more  elaborate  configuration 
is  the  bridged-tee  or  all-pass  line. 
This  combination  of  mutual-induc- 
tance coupled  coils  and  bridging 
capacitors  has  the  advantages  of 
constant  impedance  and  good  delay 
response.  These  are  characteristic 
of  the  lattice-type  filter  from  which 
this  configuration  is  derived. 

As  mentioned  previously,  the  de- 
lay lines  are  critical  as  to  termi- 
nating impedances.  The  imped- 
ance of  a low-pass  filter  or  a con- 
tinuous-coil type  of  line  changes 
with  frequency,  and  so  matching 
sections  are  required  to  match  the 
load  resistors.  A mismatch  results 
in  standing  waves,  the  amplitudes 
of  which  are  proportional  to  the 
products  of  the  reflection  coeffi- 
cients from  the  two  ends  of  the  mis- 
matched lines.  In  the  case  of  the 
lines  shown  in  Fig.  2 and  6,  match- 
ing half-sections  have  been  used  for 
terminations.  The  variable  capaci- 
tors at  the  ends  of  the  section  pro- 
vide some  adjustment  for  stray 
capacitance,  as  well  as  for  the  con- 
necting capacitance  at  the  input  and 
output  coaxial  cable  connectors. 

Equality  of  impedance  of  the  two 
lines  may  be  achieved  by  adding  a 
small  capacitance  at  each  section  of 
the  plate  delay  line.  This  also  has 
the  effect  of  equalizing  the  delay 
in  the  plate  and  grid  lines  although 
it  produces  a slight  reduction  of 
voltage  gain.  The  equality  of  line 
impedances  also  facilitates  the 
matching  of  the  plate  line  to  the 


grid  line  of  a following  chain  or 
stage  when  two  are  cascaded. 

Some  low-pass  compensation  is 
desirable  if  an  extended  low-fre- 
quency response  is  required.  This 
can  be  achieved  by  placing  a com- 
pensating capacitor  in  series  with 
the  resistor  terminating  the  grid 
line.  With  careful  choice  of  com- 
ponents the  amplifier  shown  in  Fig. 
6 can  have  a cutoff  as  low  as  10  kc. 

Of  considerable  importance  in  the 
practical  construction  of  all  very- 
wide-band  amplifiers  is  the  shield- 
ing between  adjacent  components 
of  the  grid  and  plate  circuits.  Simi- 
larly, it  is  important  that  there  is 
no  coupling  between  stages  due  to 
common  ground  currents. 

High-Frequency  Limitation 

The  ultimate  high-frequency 
limit  of  the  chain  amplifier  is  set  by 
the  large  grid  input  admittance  of 
most  tubes  at  high  frequencies.  At 
200  megacycles  the  input  conduct- 
ance of  a 6AK5  pentode  is  in  the 
neighborhood  of  2,000  ohms.  Thus, 
a chain  of  such  tubes  introduces 
considerable  damping  into  the  grid 
delay  line  at  the  highest  fre- 
quencies. Some  reduction  of  grid 
loading  is  possible  by  controlling 
the  screen  lead  inductances.  For 
further  extension  of  the  frequency 
range,  tubes  should  be  used  in 
which  the  cathode  inductance  does 
not  cause  such  large  grid  loading. 
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Multiplexing  Klystrons 

How  resonant  cavities  can  be  employed  to  give  good  isolation  between  channels,  no  signal 
loss,  sufficient  band  pass,  simple  tuning  and  no  interference  in  receiver  circuit.  Disad- 
vantages of  other  possible  methods  are  discussed 


SINCE  THE  CONCLUSION  of  World 
War  II,  progress  has  been 
made  on  multiplexing  and  duplex- 
ing equipments  in  connection  with 
utilizing  the  microwave  spectrum 
for  communications.  The  informa- 
tion presented  in  this  paper  was 
obtained  as  a result  of  experimental 
work  to  determine  the  best  method 
of  combining  simultaneously  sev- 
eral modulated  r-f  signals  in  a 
single  microwave  transmission  line 
for  communication  purposes. 

Several  possible  methods  of  com- 
bining with  a frequency-sharing 
principle  are  as  follows:  use  of  the 
hybrid  T,  directional  couplers,  line 
stretchers,  tunable  stubs,  multiple- 
feed  antennas,  band-pass  or  band- 
reject  cavities  and  various  special 
devices  for  setting  up  and  control- 
ling standing  waves. 

Use  of  hybrid  T and  directional 
couplers  was  disregarded  because 
the  incident  energy  splits  up  into 
two  parts  and  normally  results  in 
an  undesirable  3-db  loss  per  coupler 
or  T unless  auxiliary  equipment  is 
used  to  recombine  the  divided  en- 
ergy in  the  proper  phase. 

The  first  attempt  at  double  com- 
bining was  to  use  a line  stretcher. 
Figure  lA  shows  a simple  sche- 
matic diagram  of  the  laboratory 
setup.  Varying  the  length  of  the 
line  stretcher  has  an  effect  on  both 
the  power  output  and  the  crosstalk 
between  channels.  Since  tuning 
both  klystrons  for  maximum  power 
output  results  in  a minimum  of 
crosstalk,  this  is  the  proper  condi- 
tion to  achieve. 

The  overall  results  indicate  a 
crosstalk  ratio  of  47.6  db  which 
represents  a higher  degree  of  cross- 
talk than  can  be  tolerated.  Also, 
there  was  evidence  of  klystron  fre- 
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quency  pulling  so  the  method  was 
disregarded. 

Figure  IB  shows  a triple  com- 
biner using  line  stretchers.  When 
attempting  to  combine  three  or 
more  generators  by  this  method, 
each  generator  with  its  line 
stretcher  must  cause  a high  im- 
pedance to  appear  at  the  T junction 
to  the  other  signals.  Therefore,  a 
match  can  no  longer  be  obtained  by 
adjusting  the  line  stretcher  over  a 
small  range  because  the  line 
stretcher  must  be  long  enough  to 
accumulate  enough  wavelengths  to 
reject  two  or  more  frequencies. 
Because  the  combiners  had  to  be  so 
large  in  size  and  were  extremely 
difficult  to  tune,  they  were  finally 
disregarded. 

Stub  Tuners 

The  next  series  of  tests  was  per- 
formed with  stubs  using  a special 
double  combiner  built  for  the 
purpose,  see  Fig.  2A.  Here  each 
stub  must  reject  one  frequency  and 
pass  one  frequency  for  proper  oper- 
ation. Lengths  of  the  stubs  are 
Lt  = (2ni  — l)X^/4  = 2miXafc/4 
L,  = (2«,  - 2)  W4  - 2»n,W4 


Each  of  these  equations  has  two 
unknowns  and  a simple  solution  for 
n and  m could  be  found  graphically 
or  by  trial  and  error.  For  a three- 
stub  tuner,  each  stub  must  reject 
two  and  pass  one  frequency  and  the 
solution  for  L becomes  increasingly 
difficult. 

It  was  found  best  to  tune  the 
klystron  plunger  for  maximum  out- 
put from  the  klystron  and  leave  it 
there  while  the  stubs  were  adjusted 
and  the  other  dimensions  changed 
as  desired. 

If  the  distance  between  the  gen- 
erators and  the  T junction  is 
varied,  tuning  of  the  stub  is 
affected.  However,  for  certain  spac- 
ings  of  the  klystrons  to  the  T junc- 
tion, the  stubs  had  practically  no 
effect  and  preliminary  indications 
were  that  the  generators  were  oper- 
ating properly. 

The  real  reason  for  disregarding 
stub  tuning  is  that  an  excessive 
number  of  stubs  is  required 
for  even  a reasonable  number  of 
channels.  The  formula  relating  the 
number  of  channels  to  the  number 
of  stubs  required  is 

(n  — 1)  n = A 


FIG.  1 — Doobl*  combiner  using  one  line  stretcher  (A)  and  triple  combiner  using  line 

stretcdiers  (B) 
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where  n is  the  number  of  channels 
and  k is  the  number  of  stubs  re- 
quired. Thus,  for  six  channels,  30 
stubs  are  required. 

After  stubs  were  eliminated 
from  consideration,  line  stretchers 
were  reconsidered  except  that  now 
the  conventional  types  of  line 
stretchers  were  replaced  with 
waveguide  spacers. 

A waveguide  spacer  is  a flat 
piece  of  metal  of  any  given  thick- 
ness whose  outer  dimensions  per- 
mit it  to  be  screwed  between 
waveguide  flanges  and  whose  inner 
dimensions  are  the  same  as  the 
waveguide.  In  effect  it  is  a small 
transformer  at  short  wavelengths. 

Advantages  of  using  spacers  are 
that  they  can  always  be  constructed 
short  in  length  and  their  mechani- 
cal and  electrical  length  is  easily 
measured.  Disadvantages  are  that 
they  cannot  be  adjusted  as  easily 
and  continuously  as  most  conven- 
tional-type line  stretchers  which 
means  that  many  spacers  of  differ- 
ent lengths  should  be  kept  on  hand 
at  all  times  if  they  are  to  be  used. 

Fixed-Tuned  Combiners 

Using  the  waveguide  spacers  and 
conventional  starting  sections 
(pieces  of  waveguide  that  hold  the 
generator  and  start  the  energy 
down  the  waveguide) , several  flxed- 
tuned  combiners  were  developed. 
The  final  version  of  the  double  com- 
biner is  shown  in  Fig.  2B.  The 
lower  frequency  channel,  in  this 
case  8,300  me,  is  the  channel  that 
always  has  the  largest  amount  of 
crosstalk. 

The  crosstalk  on  both  klystrons 
can  be  better  than  60  db  down  if 
the  klystrons  are  spaced  200  me 
apart.  If  they  are  spaced  closer 
than  200  me,  then  a loss  in  power 
between  two  and  three  db  will  also 
decrease  the  crosstalk  to  the  indi- 
cated value. 

A triple  combiner  was  developed 
next  using  the  same  principles.  It 
worked  satisfactorily  and  all  cross- 
talk readings  were  better  than  68 
db  below  the  signal  level.  It  must 
be  kept  in  mind,  however,  that  the 
double  and  triple  combiners  de- 
scribed depend  on  a frequency  sepa- 


ration of  200  me  to  keep  the  cross- 
talk down  to  68  db. 

It  is  still  not  known  what  kind  of 
impedance  the  complete  combiner 
would  present  to  an  incoming  sig- 
nal when  this  combiner  is  used  as 
part  of  a duplexer.  If  the  incoming 
signal  were  close  in  frequency  to 
one  or  all.  of  the  transmitter  fre- 


quencies, it  is  likely  that  the  weak 
received  signal  would  be  lost  in  the 
transmitter  plumbing. 

Multiple-feed  antennas,  one  an- 
tenna for  transmitted  signals  and 
one  for  received  signals,  were  dis- 
regarded because  the  coupling  be- 
tween the  two  antennas  would  be 
excessive.  Undesired  transmitted 
signals  would  get  into  the  receiver 
circuit  at  an  excessively  high  signal 
level  and  cause  crosstalk. 

Many  experiments  were  run  us- 
ing every  kind  of  cavity  from  a 
cylindrical  tunable  resonant  cavity 
of  high  Q to  rectangular  semitun- 
able  resonant  cavities  of  low  Q.  At 
all  times,  the  spacing  of  the  kly- 
stron to  the  cavity  was  kept  in 
mind  and  the  waveguide  spacing 
between  channels  properly  adjusted. 
Many  different  klystrons  had  to  be 
used  in  any  given  setup  to  prove 
that  any  arbitrary  klystron  would 
work  properly  in  any  position  or 
have  suflicient  power  output  and 
f-m  modulation  capabilities'  without 
excessive  frequency  pulling. 

Resonant  Carities 

Band-pass  and  band-reject  cav- 
ities^’*’*  are  in  reality  filters.  They 


are  called  cavities  because  at  micro- 
wave  frequencies  the  filters  take 
the  form  of  partially  enclosed  sec- 
tions of  hollow  waveguide. 

The  ideal  rejection  filter  would 
reflect  perfectly  within  a certain 
band  and  pass  perfectly  outside  of 
this  band.  Series-resonant  circuits 
placed  at  quarter-wave  intervals 


along  the  waveguide,  properly  dis- 
tributed in  impedance  and  all  tuned 
close  to  the  center  frequency  of  the 
channel  to  be  rejected,  accomplish 
this  end. 

The  ideal  band-pass  filter  would 
pass  perfectly  within  a certain 
band  and  reject  perfectly  outside  of 
this  band.^*  This  can  be  done  by 
using  two  resonant  irises  separated 
approximately  by  a half  wave- 
length. The  irises  form  a resonant 
cavity  and  are  coupled  to  the  next 
pair  of  resonant  irises  by  a quarter 
wavelength. 

Any  number  of  pairs  of  irises 


TRANSMITTER 

RLTERTD 

L 

REJECT  fg 

r 

TRANSMITTER 

FILTER  TO 

^ 

REJECT  t, 

(A) 

TRANSMITTER 

FILTER  TD 

FILTER  TO 

h 

REJECT  fj 

‘ 

REJECT  fj 

"1 

TRANSMITTER 

FOERTO 

filter  TO 

<1 

REJECT  f, 

REJECT^ 

TRANSMITTER 

FILTER  TD 

FILTER  TO 

»3 

REJECT  f, 

_ 

REJECT  fg 

1 

(B) 

_j 

FIG.  3 — ^Block  diagrani  of  combhion 
using  band-ro)ect  filters;  (A)  two  chan- 
nels. (B)  three  chaimeli 


FIG.  2 — Combiner  using  tunable  stubs  for  two  channels  (A)  and  fixed-tuned  double 
combiner  with  notched  T (B) 
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FIG.  4 — Physical  arrangement  of  cavities  in  a multiplexing  system  using  three 
transmitters  and  one  receiver  (A)  and  schematic  diagram  of  this  system  (B) 


could  be  cascaded  to  give  the 
proper  band-pass  characteristics  al- 
though the  higher  the  Q of  the  in- 
dividual cavities,  and  the  greater 
the  number  of  them,  the  greater 
would  be  the  insertion  loss.  This 
is  true  because  as  the  Q is  in- 
creased in  waveguide  cavities,  the 
coupling  is  automatically  decreased, 
thereby  increasing  the  insertion 
loss.  Also,  insertion  losses  are  addi- 
tive for  series  cavities. 

Figure  3A  shows  a block  dia- 
gram of  a combiner  using  band-re- 
ject filters  for  two  channels.  If 
each  filter  has  a high  enough  rejec- 
tion to  the  unwanted  signal  and  a 
low  enough  insertion  loss  to  its  own 
transmitter  signal,  the  solution  of 
the  combiner  is  easily  obtained. 

Figure  3B  shows  a block  diagram 
of  a combiner  using  band-reject 
filters  for  three  channels.  Six  filt- 
ers are  now  required.  If  the  fre- 
quencies are  spaced  in  some  for- 
tuitous manner,  it  may  be  possible 
to  reject  several  frequencies  with  a 
single  rejection  cavity  having  the 
proper  rejection  range. 

Assuming  no  special  simplifica- 
tions are  made  in  respect  to  fre- 
quency allocation  and  that  each 
cavity  is  designed  to  do  a single 
job  as  indicated,  the  number  of  re- 
jection-type cavities  or  filters  re- 
quired is  indicated  in  Table  I. 

The  table  shows  that  the  number 
of  cavities  required  to  combine  sev- 
eral channels  becomes  excessive. 
The  number  of  stubs  required  is 
the  same  as  the  number  of  filters 
required  for  a given  number  of 
channels,  which  is  to  be  expected 
since  each  stub  and  each  rejection 
cavity  have  the  same  purpose, 
namely  to  pass  one  frequency  and 
reject  another.  Their  manner  of 


accomplishing  this  purpose  is 
different. 

From  Fig.  3B,  it  can  be  seen  that 
if  frequency  fi  is  lower  than  all 
other  frequencies,  the  two  filters  in 
its  channel  could  be  combined  into 
one  low-pass  filter  and  thereby  re- 
ject ft  and  fa.  Similarly,  if  fa  were 
higher  in  frequency  than  all  other 
frequencies,  then  it  would  be  pos- 
sible to  replace  the  two  filters  in 
the  fa  channel  by  one  high-pass 
filter  and  thereby  reject  A and  /*. 
It  is  important  to  note  that  using 
this  procedure  would  simplify  the 
number  of  filters  only  in  the  high- 
est and  lowest  frequency  channels 
and  could  not  reduce  the  number  of 
filters  in  all  other  channels. 

The  final  system  that  was  worked 
out  as  being  the  best  for  multiplex- 
ing with  a high  degree  of  isolation 
between  channels  and  without  ex- 
cessive signal  loss  is  very  similar 
to  that  proposed  by  A.  J.  Fox  ex- 
cept that  all  of  the  details  and  di- 
mensions of  a practical  system  have 
been  determined. 


Final  System 

In  the  final  version  of  the  system, 
three  transmitters  and  three  re- 
ceiver channels  were  all  connected 
to  the  main  line.  Figure  4A  shows 
the  physical  arrangement  of  cavi- 
ties in  a less  complex  system  utiliz- 
ing three  transmitters  and  only  one 
receiver.  Figure  4B  is  a schematic 
diagram  of  the  simpler  system. 

The  receiver  channels  consist  of 
three  cavities  X„/4  coupled.  Each 
section  has  a Q of  150.  This  com- 
bination results  in  a band-pass 
characteristic  which  is  sufficiently 
wide  and  also  permits  the  received 
signal  to  go  through  with  less  than 
two  db  of  loss.  It  also  sufficiently 
attenuates  the  transmitter  signals 
so  as  to  permit  no  interference 
effects  in  the  receiver  circuit. 

The  transmitter  channels  have 
single  waveguide  cavities  with  a Q 
of  100.  This  value  of  Q is  sufficient 
to  keep  other  signals  out  to  such 
an  extent  that  the  cross  modulation 
is  68  db  below  the  signal  level  in 
the  given  channel.  The  cavities 
cause  only  one-db  loss  of  transmit- 
ter power. 

Each  transmitter  and  receiver 
channel,  except  the  end  transmitter, 
is  spaced  electrically  an  odd  number 
of  quarter  wavelengths  (at  its  own 
wavelength)  from  the  end  trans- 
mitter channel  which  acts  as  a stub 
for  all  other  channels. 

The  8,310-mc  transmitter  is 
spaced  electrically  from  the  8,480- 
mc  cavity  by  3X,i/4,  where  X„i  is  the 
wavelength  at  8,310  me,  see  Fig. 
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4A.  This  spacing  is  shown  on  the 
diagram  as  Lj.  By  comparing 
La  to  Igi,  it  can  be  seen  that  La  is  in 
reality  0.6  wavelength  but  270  elec- 
trical degrees.  The  mechanical  di- 
mensioning is  not  identical  with 
the  electrical  dimension  because 
the  8,480-mc  cavity  presents  some 
reactance  at  8,310  me  at  point  A in 
Fig.  4A. 

Considering  that  the  Q of  the 
cavities  is  only  100  and  that  the 
8,480-mc  klystron  presents  a cer- 
tain impedance,  it  would  not  be  ex- 
pected that  the  klystron  would 
present  zero  reactance  at  point  A, 
the  necessary  condition  for  spacing 
each  channel^  an  odd  number  of 
wavelengths  from  the  end  channel. 

The  8,140-mc  channel  is  spaced 
5X^/4  electrical  wavelengths  from 
the  end  channel  and  the  8,395-m’c 
channel  is  spaced  9X,3/4  electrical 
wavelengths  from  the  end  channel. 
The  i,  i and  7/4  wavelength  points 
were  not  used  because  of  physical 
limitations. 

Reflections  from  the  transmitter 


Table  I — Number  of  Channels 
Versus  Number  of  Filters 


Number  of 

Number  of 

Channels 

Filters 

To  Be  Combined 

Required 

2 

2 

3 

6 

4 

12 

5 

20 

cavities  were  of  such  a nature  as  to 
cause  a minimum  of  frequency  pull- 
ing of  the  transmitter  klystrons. 

The  system  using  three  trans- 
mitters and  three  receivers  per 
main  waveguide  line  has  been  used 
successfully  for  many  months  in 
a complete  microwave  link.  One 
of  the  advantages  of  the  system  is 
its  simplicity  of  tuning.  Once  it  is 
properly  built  and  aligned  there  is 
nothing  further  to  adjust  except 
the  klystron  frequency. 

Since  different  systems  of  multi- 
plexing were  tested  in  develop- 
mental work  over  a period  of  years, 
many  different  kinds  of  laboratory 
setups  were  required.  A typical 


laboratory  setup  for  a triple  com- 
biner is  shown  in  Fig.  5. 

If  a simpler  version  of  combining 
were  desired,  such  as  a combiner 
with  only  one  transmitter  and  one 
receiver,  it  would  be  possible  to 
eliminate  the  band-pass  cavity  asso- 
ciated with  the  transmitter  by 
proper  spacing  of  all  elements. 
This  simplified  system  is  now  in 
actual  field  use. 


Contemporary  Work 

Engineers  of  one  research  labor- 
atory propose  a band-pass  filter  to 
limit  transmitter  output  spectrum. 
Use  of  the  band-pass  filter  also 
makes  the  problem  of  antenna 
duplexing  somewhat  simpler. 

Antenna  duplexing  using  band- 
rejection  filters  only  has  been  pro- 
posed but  the  number  of  rejection 
filters  needed  to  protect  the  receiver 
mixer  crystal  completely  from 
burnout  and  to  prevent  saturation 
of  the  receiver  first  grid  may  be 
impractical.  Use  of  a band-pass 
filter  in  the  transmitter  output  cir- 
cuit together  wrth  the  previously 
suggested  band-rejection  filter  in 
the  receiver  line  would  give  the  re- 
quired isolation  with  a minimum  of 
filter  elements.  This  plan  makes 
possible  antenna  duplexing,  smaller 
frequency  separation  between 
transmitter  and  receiver  and  lim- 
ited transmitter  spectrum  output. 
Figure  6 shows  a block  diagram  of 
such  an  arrangement. 

There  are  different  requirements 
for  the  multiplexer  just  described 
and  the  combiner  or  multiplexer  de- 
veloped here.  First,  in  the  above 
system  there  is  no  need  to  combine 
several  transmitters  at  once  be- 
cause position-modulated  pulses  are 
used  to  send  several  pieces  of  in- 
formation over  the  same  channel. 
The  combiner  developed  here  uses 
frequency-modulated  c-w  oscillators 
and,  normally,  several  channels 
would  be  required  for  carrying  dif- 
ferent types  of  signals. 

Second,  band-pass  filters  are  used 
only  to  conserve  the  use  of  the  r-f 
spectrum  whereas  band-pass  filters 
have  been  suggested  herein  not  only 
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FIG.  5— Setup  for  a triple  combiner 


FIG.  6 — ^Relay  using  resonant  corities 
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FIG.  7 — Duplex  system  for  microwaves 

for  that  purpose  but  also  in  order 
to  isolate  each  channel  from  the 
next.  Last,  from  previous  discus- 
sion the  conclusion  reached  would 
be  to  use  a multiplexer  consisting 
completely  of  tuned  resonant  band- 
pass cavities. 
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Duplex  System 

A duplex  system  of  communica- 
tions for  microwaves,  built  and  ex- 
plained by  R.  V.  Pound,  is  a system 
in  which  a single  microwave  oscil- 
lator is  used  as  both  transmitter 
and  beating  oscillator.®  The  oscil- 
lator is  stabilized  at  the  frequency 
of  a high-Q  cavity  and  frequency 
modulated  about  this  frequency.  If 
one-half  the  power  is  lost  when  the 
oscillator  is  used  as  a transmitter 
and  one-half  is  lost  wheiq  the  sys- 
tem is  used  as  a receiver,  then  for 
communication  between  any  two 
stations  a total  of  six  db  is  lost.  A 
block  diagram  of  the  duplex  com- 
munication station  is  shown  in 
Fig.  7. 

There  are  several  factors  that 
simplify  the  building  of  such  a sys- 
tem, including  the  following:  only 
voice  modulation  is  used  instead  of 
video,  only  one  channel  is  used  at 
any  one  time  so  there  are  no  prob- 
lems of  combining  or  crosstalk  be- 
tween channels  and  a total  modula- 
tion bandwidth  of  only  ten  kc  is 
used.  There  is  a loss  of  six  db  per 
channel  which  is  excessive  for  the 
development  discussed. 

Because  of  the  different  type  of 
modulation  used  and  the  bandwidth 
required,  the  system  described  by 
Pound  is  not  too  concerned  with  the 


FIG.  8 — Hybrid  circuit  or  wcrreguide 
ring  network 


f-m  linearity  of  the  modulated  oscil- 
lator. This  factor  can  not  be 
ignored  in  a more  complicated  sys- 
tem. Much  a-m  and  f-m  distortion 
can  be  tolerated  in  a system  requir- 
ing only  intelligible  voice  to  be 
transmitted. 


Nonrefleciing  Branching  Filter 

A nonreflecting  branching  filter 
for  microwaves  has  been  designed 
by  W.  D.  Lewis  and  L.  C.  Tillot- 
son.*’®  The  circuit  consists  of  two 
hybrid  junctions,  two  identical 
channel  reflection  filters  tuned  to 
the  dropped  channel  and  two  quart- 
er-wavelength sections  of  line.  The 
hybrid  circuit  is  shown  in  Fig.  8. 

The  circuit  in  Fig.  9 as  shown 


INPUT 

C 

c 

^HYBRID  JUNCTION 

isi 

^ aV. 

7 

D 

DROPPED 

CHANNEL 

1 : 1 1 IDENTICAL  BAND 

1 * 1 1 RPFi  FrrriM 

xg 

FILTERS  j * 1 

■« 

; 

D 

1 r 

1 DUMMY 
: LOAD 

:v . 

HYBRID  dUNCTKJN' 

'I  OTHER 

''  CHANNELS 

FIG.  9 — Constcmt-impedance  dionnel- 
dropping  filter 


FIG.  10 — ^Multiple  separator  using  res- 
onant ccrrities 


could  be  called  a separator  insofar 
as  it  separates  many  signals  from 
each  other.  If  at  each  point  of  ex- 
traction of  a signal  the  procedure 
was  reversed  and  a signal  was  in- 


serted, the  result  would  be  a com- 
biner which  should  function  with- 
out excessive  losses. 

Discrimination  against  other 
channels  and  image  responses  was 
measured  at  20  db  or  more.  To  im- 
prove crosstalk  discrimination  it 
would  be  necessary  to  place  auxil- 
iary filters  in  the  branch  arms 
which  would  increase  the  insertion 
loss  slightly. 

Measured  insertion  loss  of  the 
system  varied  from  0.5  to  1.0  db. 
This  insertion  loss  was  measured 
between  the  input  line  and  various 
output  lines  with  the  lowest  inser- 
tion loss  occurring  in  the  lowest 
frequency  channel. 

The  requirement  for  crosstalk 
developed  in  the  system  by  the 
author  is  68  db  or  more,  making  the 
amount  of  selectivity  of  the  system 
just  described  inadequate. 

Multiple  Separation 

A multiple  separator  has  been 
considered  in  which  channel  filters 
are  connected  across  a transmission 
line  or  waveguide  in  such  a way 
that  power  in  each  signal  is  di- 
verted to  appropriate  branches  with 
negligible  loss.®  A diagram  of  a 
multiple  separator  developed  by 
A.  J.  Fox  is  shown  in  Fig.  10. 

Several  important  facts  are  miss- 
ing from  the  discussion  of  this 
system,  namely;  the  center  fre- 
quency and  frequency  separation 
between  channels,  the  amount  of 
crosstalk  between  channels,  the  in- 
sertion loss  and  frequency  band 
pass  of  the  waveguide  cavities  and 
the  nature  of  the  spacing  between 

the  mixers  and  the  cavities.  The 
author  has  used  the  cavities  only  as 
a separator  and  does  not  indicate 
their  possibility  for  use  as  a com- 
biner or  in  a duplexer. 

Several  microwave  relay  systems 
have  been  discussed  by  various 
authors  but  in  most  instances  only 
one  r-f  carrier  was  used  and,  con- 
sequently, the  problems  of  combin- 
ing, separating  or  of  crosstalk  be- 
tween channels  do  not  occur.®* 
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Studio-Transmitter  Link 


Equipment  installed  as  tne  studio- 
to-transmitter  link  for  f-m  station 
WFMI,  Portsmouth,  N.  H.,  oper- 
ates on  940.5  megracycles,  perhaps 
the  first  permanent  stl  on  that 
frequency.  Because  Portsmouth  is 
only  50  feet  above  sea  level,  the 
broadcast  transmitter  is  located  on 
Saddleback  Mountain,  1,180  feet 
high  and  21  miles  distant. 

Studio-transmitter  link  equip- 
ment was  designed  to  meet  FCC 
requirements  for  f-m  stations  re- 
laying their  programs  from  the 
studio  to  transmitter  in  instances 
where,  for  one  reason  or  another, 
wire  lines  are  not  feasible. 

The  basic  exciter  unit  used  in 
Harvey  Radio  Laboratories  f-m 
broadcast  transmitters  has  been 
slightly  modified  by  the  manufac- 
turer. This  unit  utilizes  the  Phasi- 
tron  system  as  shown  in  the  b’.ock 
diagram  of  Fig.  1.  For  the  stl,  the 


normal  crystal  frequency  of  200  kc 
is  changed  to  400  kc  since  the  fre- 
quency stability  tolerance  can  still 
be  easily  met  and  one  stage  of  fre- 
quency multiplication  is  eliminated. 


FIG.  1 — Stages  of  the  exciter  unit  for  f-m 
stl  tronsmitter 


The  series  of  doubler  and  tripler 
stages  produces  an  output  from 
this  exciter  unit  at  34  to  36  me. 
Conventional  circuitry  is  used  with 
complete  metering  of  all  circuits. 

The  circuit  of  the  power  tripler 
panel  is  shown  in  Fig.  2.  This  con- 
tains an  829B  operating  class  C 
tripling  from  34-36  me  to  102-109 
me,  which  drives  a pair  of  2C43 
lighthouse  triodes  in  push-pull 
tripling  from  102-109  me  to  306- 
327  me.  The  829B  stage  is  a con- 
ventional lumped-constant  circuit. 
The  input  circuit  of  the  second 
tripler  is  also  a lumped-constant 
circuit  but  the  plate  circuit  is  tuned 
by  parallel  lines. 

The  input  circuit  of  the  third 
tripler,  also  a pair  of  2C43  tubes, 
is  a parallel  line  circuit  and  the 
plate  circuit  utilizes  precision 
cavities  tuned  to  final  frequency. 

The  final  amplifier  is  a grounded- 


FIG.  2 — Tripler  stages  are  driven  by  the  exciter  at  35  me  and  provide  output  on  950  me 
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grid  2C43  lighthouse  tube  in  a 
tunable  cavity  circuit,  having  an 
output  of  5 watts.  The  filament 
transformer  which  supplies  all 
lighthouse  tubes  is  controlled  by  a 
Variac  and  monitored  by  a volt- 
meter. 

Measurements  in  the  laboratory 
and  in  the  field  show  that  the 
transmitter  meets  the  require- 
ments laid  down.  The  tuning  range 
is  920  to  980  me;  frequency  stabil- 
ity is  better  than  the  requirement 
— ^being  0.001  percent;  frequency 
deviation  is  ±200  kc;  f-m  hum 
and  noise  level  is  better  than  70  db 
below  100  percent  modulation ; 
a-m  hum  and  noise  level  are  more 
than  50  db  down;  the  frequency 
response  of  the  audio  system 
matches  the  standard  75-micro- 
second  preemphasis  curve  to  within 
1 db  from  50  cps  to  15  kc;  a-f  dis- 
tortion is  less  than  0.5  percent  be- 
tween 100  cps  and  7.5  kc  and  less 
than  1 percent  from  50  cps  to  100 
cps  and  from  7.5  kc  to  15  kc. 

A block  diagram  of  the  receiver 
is  shown  in  Fig.  3.  The  i-f  is  30 
me,  requiring  local  oscillator  power 
at  890-950  me  for  reception  of 
920-980  me.  This  frequency  is 
obtained  by  the  series  of  triplers 
shown. 

The  oscillator  is  crystal-control- 
led,  using  a temperature-controlled 
crystal  in  the  vicinity  of  3.8  me. 
This  circuit  is  provided  with  a 
vernier  control  to  allow  precise 
tuning  to  the  transmitter  fre- 
quency. Conventional  frequency 
multipliers  using  double-tuned  crit- 
ically-coupled circuits  for  preven- 
tion of  spurious  radiation  follow 
the  crystal  oscillator.  A lighthouse 
tube  multiplier  in  a parallel  line 
circuit  is  used  for  the  100  to  300-mc 
tripler  and  the  last  tripler  is  also 
a lighthouse  tube,  in  a tunable  cav- 
ity circuit,  providing  output  be- 
tween 890  and  950  me. 


FIG.  3 — Block  diagiom  of  receiver  stages 
including  the  multi-stage  local  oscillator 


A control  is  provided  for  the  d-c 
filament  voltage  which  is  used  on 
the  audio  stages,  the  local  oscil- 
lator, the  r-f  amplifier,  and  the 
mixer. 

The  r-f  amplifier  is  a grounded- 
grid  lighthouse  tube  in  a tunable 
cavity  circuit.  Another  lighthouse 
tube  is  used  for  the  mixer,  and  its 
cavity  is  mounted  just  below  the 
r-f  stage.  Adjustable  local  oscil- 
lator injection  is  provided  into  the 
mixer  cavity. 

The  i-f  amplifier  is  a 4-stage  30- 
mc  amplifier  using  double-tuned, 
iron  core  transformers  to  provide 
a bandwith  of  600  kc.  The  ampli- 
fier has  a fiat  response  character- 
istic over  the  bandpass. 

Following  the  i-f,  cascaded  limit- 
ers feed  the  discriminator.  A 
cathode  follower  isolates  the  low 
impedance  de-emphasis  circuit 
from  the  discriminator,  providing 
loading  which  does  not  vary  with 


frequency.  A vtvm  measures  dis- 
criminator output,  to  provide  a 
reading  of  kilocycles  off  resonance. 

The  audio  system,  shown  at  the 
upper  right  in  Fig.  3,  consists  of  a 
phase  inverter  followed  by  two 
push-pull  stages.  Triodes  are  used 
throughout  for  minimum  distor- 
tion. A precision  gain  control  hav- 
ing 45  steps  of  1 db  each  is  used  to 
control  the  output.  Maximum  out- 
put is  -1-18  vu  and  is  monitored  by 
a vu  meter.  Balanced  500/600-ohm 
output  is  provided.  Audio  fre- 
quency distortion  is  less  than  0.5 
percent  from  50  cps  to  16  kc. 

Measurements  in  the  laboratory 
and  in  the  field  show  that  the  re- 
ceiver is  quieted  by  an  RMA  quiet- 
ing signal  of  3 microvolts,  that  its 
noise  figure  is  10  db  and  that  the 
hum  and  noise  level  is  more  than 
70  db  down.  Because  of  the  high 
frequency  stability  of  the  receiver, 
it  is  possible  to  use  it  as  a partial 
frequency  monitor. 

Either  of  two  types  of  antennas 
are  used  with  the  stl.  The  corner- 
reflector  type  has  a gain  of  12  db 
and  its  directivity  characteristics 
are  such  that  at  all  azimuth  angles 
greater  than  30  degrees  from  the 
direction  of  maximum  directivity, 
the  power  is  down  15  db.  The  para- 
boloid antenna  uses  a 72-inch  re- 
flector which  provides  a gain  of 
23  db. 

The  standard  corner  reflector 
antennas  are  intended  for  use  at 
line-of-sight  distances  of  ten  to 
fifteen  miles.  For  ranges  in  excess 
of  about  twelve  miles  and  up  to 
about  twenty-five  miles,  a para- 
boloid antenna  at  one  end  of  the 
circuit  will  probably  be  necessary. 
For  distances  greater  than  twenty- 
five  miles  or  short  paths  where  not 
quite  line-of-sight  conditions  exist, 
two  paraboloids  are  recommended. 
Maximum  distance  for  reliable 
operation  is  about  thirty-five  miles. 
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Corrugated -Waveguide  Band-Pass  Filters 


High-pass  properties  of  a waveguide  are  combined  with  low-pass  properties  of  a corru- 
gated surface  in  a filter  designed  to  give  a rapid  transition  between  pass  and  attenuation 
bands.  Single  corrugated  element  does  work  of  several  elements  in  conventional  designs 

By  J.  C.  GREENE 


Rapid  transition  between  pass 
and  attenuation  bands  and  a 
wide  frequency  range  free  of  spuri- 
ous responses  are  desirable  prop- 
erties of  a band-pass  filter.  Such 
a filter  can  be  realized  readily  by 
combining  the  high-pass  properties 
of  a waveguide  with  the  low-pass 
property  of  R corrugated  sur- 
face. 

In  a particular  application  a fil- 
ter was  designed  which  had  a pass- 
band  between  2,080  me  and  2,800 
me  and  70-db  attenuation,  relative 
to  the  pass-band  response,  at  2,900 
me.  There  were  no  responses  which 
were  not  attenuated  by  at  least  60 


db  from  2,900  me  to  above  10,000 
me. 

Because  of  the  high-pass  charac- 
teristic of  a waveguide,  a band-pass 
filter  can  be  formed  readily  by  in- 
corporating a low-pass  structure 
into  the  waveguide.  One  such  low- 
pass  structure  is  the  corrugated 
surface  for  which  approximate  field 
solutions  have  been  given  in  the 
literature^'®. 

The  design  considered  in  this 
paper  for  utilizing  the  corrugated 
surface  structure  is  shown  in  Fig. 
1,  where  one  broad  face  of  the 
waveguide  is  replaced  by  a tapered 
corrugated  surface.  Approximate 


solutions  for  the  attenuation  and 
phase  characteristics  of  the  filter 
in  Fig.  1 are  obtained  by  comDiu- 
ing  design  relations®  with  a loaded- 
line  equivalent  circuit  representa- 
tions 

An  idealized  pass-band  shape  is 
illustrated  in  Fig.  2.  The  low-fre- 
quency cutoff  fc  is  provided  by  the 
normal  cutoff  of  the  waveguide, 
while  the  high-frequency  cutoff  /oo, 
at  which  there  is  infinite  attenua- 
tion, is  provided  by  a resonance  of 
the  slots  , in  region  C of  the  corru- 
gated surface. 

The  slots  in  region  B of  thp 
corrugated  surface  serve  a two- 


Section  of  waveguide  and  corrugated  surface  which  fits  into  it 
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fold  purpose.  They  provide  addi- 
tional resonant  elements  in  the 
upper  rejection  band  (/>/oo)  to 
prevent  repetitive  pass  bands.  In 
addition  they  serve  as  a smooth 
taper  which  transforms  the  char- 
acteristic impedance  of  region  C 
into  the  characteristic  impedance 
of  the  waveguide  through  the 
taper  in  region  A. 

Filter  Characteristics 

The  loaded  transmission-line 
representation  of  one  slot  in  the 
corrugated  surface  is  shown  in 
Fig.  3.  The  characteristic  equa- 
tion of  the  frequency  spectrum  re- 
lating the  phase  shift  <t>  across  one 
element  of  the  loaded  line  (includ- 
ing both  the  slot  and  the  trans- 
mission line  of  length  V to  the 
phase  shift  0 along  V between  two 
adjacent  slots  is 

cos  ip  = C089— (Z/2Zo)sm0tan  (jp6)  (1) 

where  tp  = %rV/\, 

e =2^VI\ 

p = (b-  b')/^\ 

Z = characteristic  impedance  of 
the  slot 

Zo  = characteristic  impedance  of 
the  unloaded  line 

Xg  = guide  wavelength  in  the  im- 
loaded  line 

X = free-space  wavelength 

Xt  = guide  wavelength  in  the  loaded 
One 

X,  is  related  to  X by  the  expression 


X,  = X/Vl  - (A/2a)*  (2) 

where  a is  the  broad  dimension  of 
the  waveguide. 

Putting  <f>  = p — ja  and  neglect- 
ing resistive  losses  one  obtains  for 
the  pass  band  (a  = 0) 

oos  (jS  + 2 n x)  = cos  e — {Zf2Zo) 

sin  0 tan  (p0)  (3) 

where  n = 0,  ± 1,  ± 2,  etc  and  in 
the  cutoff  band  (^  = 0 or  w) 

± cosh  a = cos  fl  — (Z/2^o)  sin  6 

tan  (p0)  (4) 

where  a = attenuation  in  nepers 
per  section  of  loaded  line,  (p  -f 
2nx)  = phaseshift  per  section  of 
loaded  line. 

The  values  of  » ^ 0 in  Eq.  3 
represent  space  harmonics  of  the 
fundamental  (n  = 0)  component 
of  the  wave.  The  positive  values 
of  n represent  transmitted  waves, 
the  negative  values  reflected 
waves.  All  of  these  components 
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FIG.  1 — Mechanical  drawing  of  tapered 
corrugated  surface  which  replaces  one 
face  of  the  waveguide 
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FIG.  2 — Idealized  pass-bond  shope. 
High-frequency  attenuation  ot  f = oo  is 
provided  by  resonance  of  the  slots  in 
region  C of  corrugated  surface  (see 
Fig.  1) 


FIG.  3 — ^Looded  transmission  line  repre- 
sentation of  one  slot  in  the  corrugoted 
surface 


are  necessary  to  fully  describe  the 
propagated  wave. 

To.  simplify  the  analysis,  the 
space  harmonic  components  are 
neglected.  This  is  a valid  assump- 
tion in  the  pass  band,  since  the 
amplitudes  of  the  space  harmonics 
are  greatly  reduced  in  the  pass 
band*.  The  assumption  becomes 
less  valid  as  the  frequency  ap- 
proaches that  at  which  the  slots 
become  resonant. 

Design  relationships  among  the 
dimensions  of  a slot  are* 

672  <r  <(X,i)V10  (6) 

676  <0.1  ' (6) 

where  X^  is  the  guide  wavelength 
in  the  unloaded  section  at  the 
upper  cutoff  frequency,  fi.  It  can 
be  demonstrated  that  the  pass- 
band  resistive  losses  due  to  a 
finite  conductivity  in  the  conduct- 
ing surfaces  vary  inversely  with 


the  quantity  b'/b.  This  value  was 
chosen  to  be  as  large  as  possible, 
namely  0.1.  It  may  be  seen  from 
Eq.  4 that  an  inflnite  attenuation 
occurs  when  pQ  = x/2.  The  fre- 
quency at  which  this  inflnite  at- 
tenuation occurs  is  /oo.  However, 


e = 2xZ7Xa  = 

Xg 


ih  - 60 

2p 


Hence  at  the  infinite  attenuation 
frequency  (X,  = X,oo) 


or 


(6-60 
2 Xgot 


1/4 


(6  - 60 
2 


(7) 


Eq.  7 means  that  at  the  infinite 
attenuation  frequency,  the  slot 
depth,  (6  — b')/2,  equals  one 
quarter  of  a guide  wavelength. 

The  values  of  I and  I'  are  not 
critical  and  are  generally  chosen 
to  keep  the  over-all  length  of  the 
filter  as  short  as  possible.  Typical 
values  are  V = 21  — 0.1X„oo.  The 
value  of  the  ratio  Z/Z.  is  taken 
to  be  2l/b',  the  ratio  of  the  slot 
height  to  the  line  height. 

Theoretical  curves  relating  ^ 
and  a in  db  to  9 are  shown  in  Fig. 
4.  The  curves  have  been  calcu- 
lated for  p = 2 and  Z/Zo  = 2.  At 
the  point  of  infinite  attenuation,  0 
= 45  deg,  while  at  the  upper  cutoff 
point  0 = 36  deg.  Hence  the  ratio 
of  the  cutoff  wavelength,  X^,  to  the 
infinite  attenuation  wavelength, 
X,oo  is  X^X,oo  = 45  deg/36  deg  = 
1.25.  The  slot  requires  the  cutoff 
wavelength  to  be  decreased  by  25 
percent  before  its  attenuation  be- 
comes infinite. 


Referring  to  Fig.  4,  representing 
the  characteristics  of  the  slots  in 
region  C of  the  filter,  it  can  be 
seen  that  repetitive  pass  bands 
will  occur.  The  first  repetitive 
pass  band  occurs  when  X,  = X^2. 
To  avoid  this  pass  band  as  well  as 
higher  ones,  it  is  necessary  to  in- 
clude slots  in  region  B of  the  filter 
which  will  resonate  in  the  vicinity 
of  the  higher  passbands.  In  gen- 
eral, this  condition  is  fulfilled 
merely  by  having  a reasonable 
length  of  taper. 
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Design  Procedure 

The  filter  can  be  easily  incorpo- 
rated as  an  inserted  section  in  a 
waveguide,  with  waveguide  input 
and  output.  It  can  also  be  incorpo- 
rated into  a coaxial  line  through 
the  use  of  waveguide  to  coaxial 
transformers.  The  transforming 
sections  form  the  input  and  output 
of  the  filter. 

The  low-frequency  cutoff  deter- 
mines the  wide  dimension  of  the 
waveguide,  a,  and  is  simply  related 
to  it  by 

Xe  = 2a 

Generally,  both  the  upper  cutoff 
frequency  fi  and  a minimum  atten- 
uation at  a point  between  /i  and 
foo  are  specified.  Once  these  are 
known,  the  slot  depth  and  number 
of  slots  in  region  C can  be  deter- 
mined. First  Xm  is  calculated  from 
the  high-frequency  cutoff  fi  by  Eq.  2. 
Because  X,i/X,oo  = 1.26,  X,oo  may 
be  readily  found.  The  slot  depth  is 
then  made  equal  to  X,oo/4. 

The  number  of  slots  required  is 
the  desired  attenuation  in  db  at 
some  frequency  between  fi  and  foo 
divided  by  the  attenuation  of  one 
slot  at  that  frequency  as  deter- 
mined from  Fig.  4. 

The  lengths  of  the  tapered  sec- 
tions in  regions  A and  B should  be 
about  equal  and  as  long  as  possible 
for  the  best  match.  A theoretical 
curve  relating  the  vswr  introduced 
by  a taper  as  a function  of  its 
length  has  been  given  by  Franks 
From  this  curve  and  a considera- 
tion of  the  variation  in  guide  wave- 
length in  the  pass  band,  a value 
giving  small  mismatch  reflections 
over  the  entire  pass  band  is  found 
to  be  1.5  X«  or  3a. 

Experimental  Results 

An  experimental  curve  for  the 
filter  based  on  the  previous  design 
considerations  is  given  in  Fig.  6. 
The  corrugated  surface  was  de- 
signed to  be  inserted  in  standard 
1.6  by  3-in.  waveguide  having  a cut- 
off frequency  of  2,080  me.  The 
desired  upper  cutoff  frequency  was 
2,800  me  (X,i  = 16.0  cm.)  This 
gives  the  infinite  attenuation  fre- 
quency as  3,200  me  (X,oo  = 12.8 
cm).  It  was  also  desired  to  have 


FIG.  4 — Theoreticol  curves  relating  at- 
tenuation in  db  per  section  and  phase 
shift  across  one  slot  for  tremsmission 
line  of  length  i'  (see  Fig.  1)  to  the  phase 
shift  along  the  distance  between  two 
slots 
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FIG.  5 — ^Attennotlon  curve  for  actual 
filter  constructed 


at  least  70  db  of  attenuation  at 
2,900  me  (X,  = 15.0  cm). 

Because  X^  corresponds  to  0 = 
36  deg  on  the  curve  of  Fig.  4,  at 
X,  = 15.0)  cm,  0 =38.4  deg.  From 
Fig.  4,  the  attenuation  in  db  per 
slot  at  0 = 38.4  deg  is  9 db.  Hence 
eight  slots  in  region  C should  be 
sufficient  to  give  the  desired  atten- 
uation. Actually  ten  slots  were 
used  because  the  attenuation  of  a 
slot  will  be  slightly  less  than  shown 
in  Fig.  4 due  to  resistive  losses  in 
the  slot.  The  pass-band  loss,  aver- 
aging approximately  2.5  db,  is  a 
combination  of  resistive  loss  in  the 
slots  and  mismatch  loss  in  the 
tapers. 

Higher  Order  Modes 

In  the  above  analjrsis  it  was  as- 
sumed that  only  the  dominant  mode 
TEi,o  is  propagated.  For  the  usual 
waveguide  dimensions  (broad  face 
twice  as  wide  as  the  narrow  face) 
higher-order  modes  may  be  propa- 
gated at  frequencies  greater  than 
twice  the  normal  cutoff  frequency. 
If  these  higher-order  modes  are 
propagated,  spurious  responses 


may  appear  in  the  rejection  band. 

Because  of  the  symmetry  of  the 
filter,  only  (n  = 0,1,2,  . . .) 

and  TM,,tn  (n  = 1,2,3,  . . .)  modes 
can  be  excited  within  the  filter  it- 
self*. The  first  of  these  modes,  the 

rEi.2  and  the  TM^,^  will  not  be 
propagated  for  frequencies  less 
than  four  times  the  normal  cutoff 
frequency.  In  general  this  is  far 
enough  into  the  rejection  band  to 
be  of  little  consequence. 

Should  higher-order  modes,  such 
as  the  TEs.o,  TE's.o  be  set  up  in  the 
input  section  leading  to  the  filter, 
they  will  pass  through  the  filter  and 
produce  narrow,  spurious  pass 
bands  for  frequencies  in  the  vicin- 
ity of  twice  the  normal  cutoff  fre- 
quency, three  times  this  frequency, 
and  so  on. 

At  the  cutoff  frequency  for  the 
higher  modes,  the  guide  wavelength 
for  these  modes  is  infinite  and 
rapidly  decreases  as  the  frequency 
is  increased.  Until  the  wavelength 
decreases  to  a value  such  that  the 
slots  in  region  C become  resonant, 
no  attenuation  is  offered  to  the 
modes. 

The  higher  modes  can  often  be 
eliminated  by  careful  design  of  the 
input  circuit  to  eliminate  assrni- 
metrical  structures  tending  to  ex- 
cite the  higher-order  modes.  They 
may  also  be  eliminated  in  the  out- 
put section  when  of  a special  type, 
such  as  ridged  waveguide  output. 
In  this  case,  the  ridged  section  is 
designed  so  that  it  passes  the  dom- 
inant mode,  but  is  cut  off  for  the 
higher-order  modes  in  the  vicinity 
of  the  spurious  response  pass 
bands.  Compensating  sections  of 
different  widths,  a,  can  be  included 
in  the  filter  proper  so  that  they  are 
below  cutoff  for  the  higher-order 
modes  over  the  frequency  range  of 
the  spurious  responses®. 
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UHF  Sweep-Frequency  Oscillator 

Measurements  and  tests  in  the  uhf  television  hand  are  facilitated  hy  the 
equipment  described-  Maximum  sweep  of  30  me  from  470  to  890  me,  at  a rate  synchro- 
nized with  the  power  line,  is  provided  hy  a motor-driven  capacitor  plate  rotated  at  the 

high-impedance  end  of  a resonant  cavity 

By  J.  E.  EBERT  AND  H.  A.  FINKE 


IN  DEVELOPING  a sweep  oscillator 
for  the  new  uhf  television  band, 
a choice  exists  in  attempting  to  fre- 
quency-modulate  a fundamental  os- 
cillator directly  or  to  resort  to  a 
mixing  method  involving  either  the 
frequency  addition  of  two  lower- 
frequency  oscillators  or  subtraction 
of  two  higher-frequency  oscillators. 

An  output  of  the  order  of  several 
volts  across  50  ohms  is  available 
using  a 6F4  triode  as  a fundamental 
oscillator,  whereas  any  simple  mix- 
ing method  using  two  oscillator 
tubes  will  result  in  a maximum  out- 


put about  10  to  20  db  down  from 
this  level.  The  larger  output  of  the 
fundamental-frequency  oscillator  is 
useful  in  many  applications.  Since 
the  use  of  a swept  fundamental- 
frequency  oscillator  offers  much 
greater  ease  and  simplicity  of  oper- 
ation and  greater  freedom  from 
harmonic  output,  this  type  of  oscil- 
lator is  more  desirable  provided  the 
problem  of  obtaining  satisfactory 
frequency  sweeping  does  not  be- 
come too  complex. 

The  sweep  oscillator  to  be  de- 
scribed covers  a range  from  470  to 


890  me  with  a maximum  sweep  of 
at  least  30  me  at  a rate  synchro- 
nized with  the  power  line.  At  least 
2 volts  across  50  ohms  is  available 
at  any  frequency  within  the  speci- 
fied band,  and  this  voltage  can  be 
continuously  attenuated  by  a front 
panel  control  to  a value  of  90 
decibels  below  the  maximum  out- 
put. 

At  any  fixed  setting  of  the  atten- 
uator, the  output  does  not  vary  by 
more  than  1.5  db  from  the  average 
output  at  that  setting  over  the  en- 
tire specified  frequency  band.  Leak- 


FIG.  1 — Basic  oscillator  circuit  and  coaxial-line  equivalent 
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age  from  the  oscillator  has  been 
minimized  by  use  of  completely  en- 
closed coaxial  line  circuits. 

The  modified  Colpitts  oscillator 
circuit  shown  in  Fig.  lA  was  se- 
lected as  best  suited  for  the  pur- 
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Fig.  2 — Physical  construction  of  coaxial- 
line oscillator 


pose  in  this  television  application. 

Resonance  is  obtained  between 
the  plate  and  grid  of  the  6F4 
acorn  triode  while  the  plate-to- 
cathode  and  grid-to-rcathode  inter- 
electrode capacitances  form  a well- 
proportioned  capacitive  voltage- 
dividing  network  to  complete  the 
Colpitts  arrangement.  Both  the 
cathode  and  filament  circuits  are 
choked  to  minimize  their  shunting 


effect  across  the  grid-to-cathode  in- 
terelectrode capacitance. 

Since  adequate  shielding  is  of 
great  importance,  the  oscillator  was 
constructed  in  a self-shielding 
coaxial  line.  A coaxial  line  equiva- 
lent of  the  basic  oscillator  circuit  is 
shown  schematically  in  Fig.  IB. 

A cutaway  view  showing  the 
mechanical  construction  of  the 
coaxial  line  oscillator  is  shown  in 
Fig.  2. 

The  main  body  of  the  oscillator 
is  made  from  a single  bronze  cast- 
ing. The  glass  body  of  the  oscil- 
lator tube  is  recessed  in  an  in- 
dentation in  the  center  conductor  to 
provide  a low-impedance  connect- 
ing line  between  the  resonant  cir- 
cuit and  the  tube  elements.  This 
low-impedance  connecting  line  is 
necessary  to  obtain  a satisfactory 
tuning  rate  at  the  high-frequency 
end  of  the  band. 

The  coaxial-line  section  used  to 
choke  the  filament  is  chosen  in 
length  to  offer  maximum  imped- 
ance at  the  center-band  frequency. 
Sufficiently  high  impedance  is  ob- 
tained at  the  band  edges  to  give 
good  performance. 

Output  power  is  capacitively 
coupled  from  the  oscillator  tank  cir- 
cuit through  a coaxial  line  con- 
nected close  to  the  high-voltage 
point  of  the  resonator  as  shown  in 


Closeup  of  specially  shaped  capacitor  and  its  motor  drive  system 


Fig.  2.  The  harmonic  content  at 
this  point  is  small.  The  output  line 
is  terminated  in  a 50-ohm  resistor 
to  provide  a reasonably  well 
matched  output  impedance. 

The  output  is  attenuated  by  with- 
drawing the  pickup  line  from  the 
axis  of  the  resonant  cavity.  As  the 
center  conductor  of  the  output  line 
is  withdrawn  the  coupling  is  ob- 
tained through  the  intervening  sec- 
tion of  tubing  which  acts  as  a cir- 
cular waveguide  operated  below  its 
cutoff  frequency. 

The  rate  of  attenuation  through 
a waveguide  used  under  these  con- 
ditions is  almost  linear  and  con- 
stant over  a wide  range  of  frequen- 
cies which  makes  it  possible  to  have 
a calibrated  attenuator  control. 
Typical  power  output  characteris- 
tics for  the  oscillator  are  shown  in 
Fig.  3. 

Mechanism  for  Sweeping 

Frequency  sweeping  is  accom- 
plished by  varying  the  capacitance 
between  the  high-impedance  end  of 
the  cavity  and  ground.  There  are  a 
number  of  ways  of  varying  this 
capacitance  but  the  two  most 
straightforward  approaches  consist 
of  either  vibrating  a metallic  strip 
in  reed-like  fashion  against  the  end 
of  the  cavity  or  employing  a motor 
drive  to  vary  the  capacitance  by 
rotating  a specially  shaped  capaci- 
tor plate.  In  either  case,  the  mo- 
tions have  to  be  synchronized  with 
some  convenient  standard  such  as 
the  60-cycle  line  so  that  a sta- 


FREOUENCY  IN  MC 

FIG.  3 — Power  output  plotted  against 
frequency  for  several  attenuator  settings 
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tionary  picture  can  be  obtained  on 
a viewing  oscilloscope. 

The  vibrating  capacitor  presents 
certain  problems  that  involve  diffi- 
cult electronic  or  electromechanical 
solutions.  A driven  reed  has  a mo- 
tion that  includes  harmonic  compo- 
nents of  the  driving  frequency.  A 
reed  driven  by  a sine-wave  power 
source  should  be  viewed  on  an 
oscilloscsope  with  a sine-wave  sweep 
to  preserve  the  frequency  linearity 
of  the  base  line.  A sine  sweep,  how- 
ever, requires  perfect  synchronism 
so  that  the  return  trace  may  ex- 
actly coincide  with  the  forward 
trace.  The  presence  of  mechanical 
harmonics  prevents  this. 

This  problem  can  be  circum- 
vented by  electronic  means.  The 
reed  could  be  driven  with  a saw- 
tooth wave  form  and  the  return 
portion  of  the  sine  sweep  could  be 
blanked,  but  a solution  for  the 
second  or  rotating  approach  is 
simple  and  direct. 

One  photograph  shows  the  me- 
chanical arrangement  used  for  the 
rotational  method  of  sweeping  the 
frequency.  A ssmchronous  motor  is 
used  to  rotate  a specially  shaped 
capacitor  plate  which  is  sprayed  on 
the  face  of  a plastic  disc.  The  ideal 
shape  of  the  capacitor  plate  when  a 
sawtooth  sweep  is  used  on  the  oscil- 
loscope is  one  that  will  allow  the 
frequency  of  the  oscillator  to  vary 
linearly  with  angular  rotation  of 
the  driving  motor.  The  magnitude 
of  the  sweep  is  varied  by  changing 
the  spacing  between  the  plate  and 
the  end  of  the  resonator. 

The  sweep  capacitor  spacing  is 


controlled  by  the  angular  rotation 


FIG.  4 — Frequency  sweep  versus  fre- 
quency for  severol  capacitor  settings 


of  an  eccentrically  mounted  circular 
cam.  The  cam  follower  is  spring 
loaded  and  the  front  panel  control 
is  coupled  to  the  cam  through  a con- 
ventional gear  train  having  a 4 to 
1 rotational  ratio.  This  ratio  is 
desirable  since  the  entire  cam 
throw  occurs  in  only  180  degrees  of 
rotation. 

The  synchronous  motor  used  has 
the  property  of  locking  in  on  any 
one  of  four  points  on  the  cycle  of 
the  input  60-cycle  power  source. 
Phasing  between  the  similarly 
locked  internal  sawtooth  sweep  on 
the  viewing  oscilloscope  and  the 
rotating  motor  can  be  roughly  ad- 
justed to  any  one  of  the  four  motor 
positions  by  momentarily  breaking 
the  motor  circuit  and  allowing  the 
motor  armature  to  slip  one  position. 


Fine  adjustment  in  phase  is  made 
with  controls  on  the  oscilloscope. 

Dial  Details 

A curve  of  the  sweep  character- 
istics of  the  complete  oscillator  is 
shown  in  Fig.  4.  This  shows  that 
the  magnitude  of  the  frequency 
sweep  for  a given  capacitor  plate 
spacing  is  not  constant  over  the  fre- 
quency range.  This  is  corrected 
through  the  use  of  a dial  arrange- 
ment which  automatically  shows 
the  magnitude  of  the  frequency 
sweep  as  the  frequency  is  varied. 

To  accomplish  this,  the  dial  con- 
sists of  a chart  on  which  is  plotted 
curves  for  constant  frequency 
sweep  with  the  tuning  plunger  posi- 
tion as  the  ordinate  and  the  angular 
knob  movement,  which  controls  the 
capacitor  spacing,  as  the  abscissa. 
This  chart  is  viewed  through  a slot 
in  the  panel  and  is  arranged  to 
move  past  this  slot  as  the  oscillator 
frequency  is  varied. 

A pointer  travelling  along  the 
slot  is  mechanically  connected  to  the 
sweep  capacitor.  The  chart  is 
drawn  so  that  the  end  of  this 
pointer  indicates  directly  the  mag- 
nitude of  the  frequency  sweep  at 
any  oscillator  frequency  and  at  any 
capacitor  plate  setting. 

Two  simple  cord  and  pulley  sys- 
tems are  used  to  drive  the  pointer 
and  chart  in  the  frequency  sweep 
indicating  system.  The  pointer  is 
connected  to  the  sweep  magnitude 
control  and  the  chart  position  is 
coupled  to  the  tuning  plunger  posi- 
tion. 
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Kilomegacycle  Buzzer  Test  Oscillator 

Pulses  of  broad-band  energy  are  injected  into  a tunable  cavity  at  800  cps.  Output  at 
any  desired  frequency  between  3 and  11  kmc  can  be  selected.  A piston  attenuator 
permits  variable  output  up  to  200  microvolts  into  a 50-ohm  load.  Development  technique 
is  traced  from  a model  twenty-five  times  desired  scale 

By  G.  L.  DAVIES,  C.  B.  PEAR,  JR.  AND  P.  E.  P.  WHITE 


Although  activity  in  the  kilo- 
t megacycle  region  has  increased 
greatly  in  recent  years,  signal 
sources  are  still  largely  restricted 
to  narrow-band  tuning.  This  is  an 
annoyance  when  testing  fixed-fre- 
quency detecting  devices,  and  a real 
handicap  in  testing  wide-range  re- 
ceivers. 

One  of  the  latest  instruments  to 
help  solve  this  problem  is  a simple, 
compact  test  oscillator  covering 
3,000  to  11,000  me  in  one  continuous 
tuning  range.  No  tubes  are  used. 
A battery-driven  buzzer  operating 
on  the  doorbell  principle  provides 
audio-modulated  signals  everywhere 
in  the  band,  and  a plunger-tuned 
cavity  selects  the  desired  frequency. 
A piston-type  attenuator  controls 
the  output  level. 

Scaled-Up  Model 

The  lack  of  wide-range  signal- 
generating equipment  was  in  itself 
a difficulty  during  the  oscillator’s 
development.  Problems  in  tuning- 
cavity  design  showed  the  desirabil- 
ity of  experimental  work,  but  no 
satisfactory  signal  source  was 
available.  An  interesting  applica- 
tion of  the  model  technique  in  re- 
verse solved  the  diflSculty  by  pro- 
viding a cavity  in  which  every  di- 
mension was  twenty-five  times  the 
corresponding  dimension  of  the 
cavity  in  the  final  unit.  Thus,  fre- 
quencies were  scaled  down  into  the 
scope  of  readily  available  test  equip- 
ment. 

The  simplicity  of  the  buzzer  test 
oscillator  is  evident  from  the  sche- 
matic diagram  in  Fig.  1.  A buzzer, 
energized  by  the  3-volt  battery 
through  the  r-f  filter  produces 


short,  sharp  pulses  of  current, 
which  are  coupled  into  the  cavity 
through  the  input  coupling  loop. 
The  cavity  is  sharply  resonant  at  a 
single  frequency  determined  by  the 
position  of  the  tuning  plunger.  It 
selects  a component  from  the  broad 
spectrum  of  frequencies  comprising 
the  buzzer  output.  This  signal  is 
coupled  to  the  loop  on  the  variable- 
attenuator  piston  that  controls  the 
output  amplitude.  The  output  sig- 
nal is  in  the  form  of  short  pulses  of 
r-f  energy  recurring  at  the  rate  of 
800  per  second.  Maximum  output 


voltage  is  at  least  200  microvolts 
into  a 50-ohm  load. 

The  original  unit  employed  an 
open-ended  cylindrical  cavity,  which 
was  poor  from  the  shielding  stand- 
point. The  tuning  dial  calibration 
was  considerably  cramped  at  one 
end  of  the  scale,  and  the  available 
output  signal  varied  appreciably 
over  the  frequency  range.  The  de- 
sire to  improve  these  character- 
istics led  to  the  use  of  the  scale 
model. 

The  Ashcan 

In  this  development,  an  ex- 
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panded  model  was  used  rather  than 
the  smaller  scale  customarily  em- 
ployed in  antenna  experiments.  All 
measurements  were  made  in  the 
region  of  120  to  440  me,  where  suit- 
able equipment  was  readily  avail- 
able and  the  frequency  data  multi- 
plied by  an  appropriate  factor.  The 
idea  for  the  use  of  this  method  was 
derived  from  experiments  per- 
formed by  Barrow  and  Mieher^  at 
MIT. 

Since  the  actual  cavity  in  the  unit 
was  approximately  J inch  in  diame- 
ter by  one  inch  long,  a model 
twenty-five  times  this  size  was  con- 
sidered reasonable.  Accordingly,  a 
local  tinsmith  was  commissioned  to 
make  a large  cylinder  18|  inches  in 
diameter  and  25  inches  long,  and  a 
smaller  cylinder,  to  simulate  the 
tuning  plunger,  six  inches  in  diam- 
eter and  36  inches  long.  The  mate- 
rial used  was  22-gage  galvanized 
steel,  and  the  appearance  of  the 
assembly  made  its  title  certain : the 
Ashcan. 

It  was  fitted  with  a plywood  cap 
over  the  large  cylinder,  through 


which  the  smaller  cylinder  could 
move.  The  inside  of  the  wood  cap 
was  covered  with  copper  sheet  and 
suitable  fingers  made  contact  with 
the  two  cylinders.  The  inner  cylin- 
der was  capped  to  simulate  the  solid 
plunger  to  be  used  in  the  actual 
cavity.  Standard  uhf  connectors 
were  mounted  in  the  wall  of  the 
outer  cylinder  near  the  capped  end 
to  serve  as  connections  to  the  smaH 
coupling  loops  mounted  on  the  inner 
ends  of  these  connectors. 


The  coupling  loops  were  posi- 
tioned 90  degrees  apart  around  the 
circumference  of  the  cylinder,  as 
this  was  the  position  desired  in  the 
final  uhf  cavity.  One  of  these  loops 
was  used  to  feed  energy  into  the 
cavity  from  an  oscillator  covering 
the  desired  frequency  range,  and 
the  other  loop  was  used  for  output 
coupling.  A type  1N21B  crystal 
and  microammeter  served  as  a de- 
tector. Frequency  measurements 
were  made  by  means  of  a General 
Radio  type  720-A  heterodyne  fre- 
quency meter. 

Despite  the  crude  construction 
and  use  of  sheet  steel  for  the  inner 
and  outer  cylinders,  the  Q of  the 
cavity  was  in  the  vicinity  of  1,000, 
permitting  precise  settings  to  be 
made.  Lines  drawn  on  the  portion 
of  the  inner  cylinder  extending 
above  the  wooden  cap  permitted 
reading  of  length  of  plunger  inside 
the  cavity. 

The  first  tests  made  with  an 
open-ended  cavity  showed  the  same 
tuning  curve  as  the  original  buzzer 
test  oscillator  cavity  unit,  as  well  as 


the  rather  wide  variation  of  output 
previously  noted.  Data  given  by 
Barrow  and  Mieher  suggested  that 
the  low-frequency  end  of  the  tuning 
curve  could  be  controlled  through  a 
considerable  range  by  the  use  of  a 
closed  cavity.  Appropriate  adjust- 
ment of  the  spacing  between  the 
plunger  and  the  end  of  the  cavity  at 
the  limit  of  plunger  travel  was 
necessary.  It  was  also  reported 
that  the  cavity  oscillations  were 
very  weak  in  an  open-ended  cavity 


at  the  high-frequency  end  of  the 
tuning  range. 

It  appeared  that  closing  the  open 
end  of  the  cavity  would,  in  our  case, 
achieve  the  results  desired.  This 
effect  was  tried  and  found  to  im- 
prove Q throughout  the  operating 
range  and  to  provide  a much  fiatter 


FIG.  2— Calibration  of  the  scole  model, 
showing  tanprovement  resulting  when 
end  was  closed.  Spurious  modes  ore 
outside  operoting  range 


PIG.  3 — Calibration  of  busier  oscillator. 
Small  circles  ore  volues  predicted  from 
large-scale  model  for  which  on  eguivo- 
lent  frequency  scale  is  shown 

tuning  curve,  as  shown  on  Fig.  2. 
However,  resonances  at  higher 
modes  became  apparent.  This  con- 
dition was  undesirable  since  it 
meant  that  more  than  one  resonance 
frequency  could  exist  for  a given 
setting  of  the  tuning  plunger.  The 
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unwanted  modes  were  identified*  as 
the  TEi,i,i  and  the  TEo.i.i  types. 

Mode  Suppressors 

In  the  large-scale  sheet-metal 
Ashcan  it  was  a simple  matter  to 
introduce  a set  of  mode-suppressing 
slits*  that  eliminated  the  TEi.i.i 
mode  of  oscillation.  However,  since 
the  TEi.i.i  is  appreciably  higher  in 
frequency  than  the  desired  TMo.i.o 
and  unlike  the  latter  is  a function 
of  cavity  length,  it  was  decided  to 
make  the  cavity  shorter.  This 
change  raised  both  the  undesired 
modes  out  of  the  chosen  frequency 
range  of  the  oscillator.  The  mode 
suppressing  slits  became  unneces- 
sary. The  final  position  of  the 
TEi.1,1  and  TEo,i,i  modes  is  indicated 
at  the  top  of  Fig.  2. 

It  should  be  noted  that  the  de- 
sired resonance  curve  represents  a 
transition  from  the  TMo.i.o  mode 
(when  the  tuning  plunger  is  en- 
tirely backed  out  of  the  cavity) 
towards  the  TMo.o.p  modeS  which 
would  occur  when  the  plunger  al- 
most touched  the  opposite  end  wall. 
However,  the  resonant  frequency 
would  then  be  much  below  that  re- 
quired for  this  application  and  mo- 
tion of  the  plunger  is  stopped  while 
operation  is  still  a combination  of 
the  two  modes  mentioned  above. 

Experimental  work  at  the  Ash- 
can’s  convenient  frequency  range 
and  physical  size  having  been  con- 
cluded, the  resulting  design  was 
scaled  back  to  3,000-to-ll,000-mc 
dimensions.  The  closed-end  cavity 
now  employed  presents  much  less  of 
a shielding  problem  than  the  orig- 
inal open-end  unit.  Provision  was 
made  for  batteries,  buzzer,  and  a 
piston-type  attenuator  with  100-db 
range. 


The  action  by  which  the  buzzer 
excites  the  cavity  seems  to  be  a 
high-frequency  oscillation  causing 
a pulse  of  perhaps  five  amperes 
maximum  amplitude  in  the  contacts 
at  their  break,  when  the  voltage 
across  the  coil  rises  sharply  to  a 
value  over  200  volts.  It  is  necessary 
that  each  pulse  be  clean,  and  that 
the  repetition  rate  be  high  enough 
to  furnish  an  easily  distinguished 
audio  note  for  the  operator’s  con- 
venience while  not  being  so  high 
that  the  average  battery  current  is 
excessive. 

Selection  of  Buzzer 

Several  commercial  buzzers  were 
tried.  Inherent  unsuitability  for 
this  application  ruled  out  some 
units — for  example,  a standard 
power-pack  vibrator  was  found  to 
have  excessive  bounce  at  contact 
make,  causing  one  or  more  break 
pulses  at  this  time.  Other  buzzers 
drew  more  battery  current  than 
operating  economy  could  permit, 
had  an  unstable  repetition  rate  or 
operated  at  a frequency  outside  the 
desired  range.  The  buzzer  finally 
employed  was  conventional,  but  it 
was  carefully  designed  and  con- 
structed to  avoid  the  above  faults. 
The  operating  value  of  800  cps  was 
chosen  as  a modulation  value  per- 
mitting low  battery  current  and  yet 
capable  of  being  distinguished 
through  receiver  noise. 

In  use,  the  buzzer  test  oscillator 
has  been  found  to  perform  almost 
exactly  as  the  large  scale  model  had 
predicted,  as  shown  by  the  calibra- 
tion curve  of  Fig.  3.  Available  test 
equipment  has  not  permitted  a full 
search  of  the  upper  frequency  re- 
gion to  make  sure  that  the  unde- 
sired modes  of  oscillation  are  in  the 


same  relative  position  that  model 
tests  had  shown.  At  each  fre- 
quency where  tests  have  been  made, 
the  agreement  with  the  model’s  re- 
sults has  been  excellent. 

The  unit  is  compact  and  rugged, 
weighing  less  than  11  pounds  com- 
plete. The  current  drain  on  the 
self-contained  batteries  is  between 
30  and  150  ma,  depending  on  buzzer 
adjustment.  When  operated  at 
normal  temperatures  the  battery 
life  for  continuous  operation  should 
be  in  excess  of  300  hours,  or  con- 
siderably more  for  intermittent 
operation.  The  oscillator  thus  pro- 
vides a completely  self-contained, 
relatively  trouble-free,  portable 
source  of  uhf  signals.  No  heating- 
up  time  is  required,  the  unit  being 
ready  for  operation  as  soon  as  the 
battery  switch  is  thrown. 

The  first  example  of  a test  oscilla- 
tor of  this  sort  was  made  at  the 
Radio  Research  Laboratory*  at 
Harvard  during  the  war.  A second 
model  was  later  made  by  the  Naval 
Research  Laboratory,  Bellevue, 
D.  C.,  and  the  design  development 
described  here  was  supported  by  the 
Bureau  of  Aeronautics  of  the  De- 
partment of  the  Navy. 


References 

(1)  W.  Li.  Barrow  and  W.  W.  Mieher, 
Natural  Oscillations  of  EJlectrical  Cavity 
Resonators,  Proo.  IRE,  28,  No.  4,  p 184, 
April  1940. 

(2)  I.  G.  Wilson,  C.  W.  Schramm,  and 
J.  P.  Klnzer,  Hiah  Q Resonant  Cavities 
for  Microwave  ^sting,  B.  8.  T.  J.,  26, 
No.  3,  p 408,  July  1946. 

(3)  J.  P.  Klnzer  and  I.  G.  Wilson,  End 
Plate  and  Side  Wall  Currents  in  Circular 
Cylinder  Cavity  Resonator,  B.  8.  T.  J.,  26, 
No.  1,  p 31,  Jan.  1947. 

(4)  Buzzer  Signal  Generator  for  3,000 
MC,  Blbctronicb,  p 140,  Oct.  1946. 


936 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


Microwave  Generator  with  Crystal  Control 

Portable  3,100-mc  signal  generator  with  pulsed  or  c-w  output  is  useful  for  field  testing  of 
radar  and  beacon  receivers.  Substituting  crystals  in  two  channels  gives  up  to  600-mc  fre- 
quency range  without  changing  other  circuit  components 


The  need  often  arises  for  a port- 
able microwave  signal  source 
suitable  for  field  testing  of  radar 
and  beacon  receivers.  Among  the 
prime  requisites  of  such  a gener- 
ator are  minimum  size  and  weight 
and  accurate  frequency  calibration. 

Laboratory  oscillators  employing 
klystrons  or  lighthouse  tubes  re- 
quire some  kind  of  frequency-indi- 
cating device  for  accurate  determi- 
nation of  output  frequency.  Since 
inclusion  of  such  equipment  in  a 
portable  set  is  not  practical,  it 
is  desirable  to  use  accurate  crystal 
control  of  output  frequency. 

The  signal  generator  to  be  de- 
scribed is  an  adaptation  of  the 
method  of  frequency  generation 
employed  by  the  Bureau  of  Stand- 
ards and  the  MIT  Radiation  Labor- 
atory^ to  a portable  instrument  suit- 
able for  field  test  work.  The  unit 
can  be  adapted  for  use  with  any 
system  where  microwave  power  re- 
quirements are  modest,  with  little 
increase  in  over-all  dimensions  and 
no  appreciable  loss  in  portability. 

The  generator  consists  of  a three- 
tube  r-f  section,  a three-tube  modu- 
lator section  and  a three-tube  power 
supply.  The  r-f  unit  consists  of  a 
dual  triode  crystal  oscillator  operat- 
ing near  50  me,  followed  by  two 
stages  of  frequency  multiplication. 
The  resulting  signal  is  applied  to  a 
silicon  crystal  multiplier  mounted 
in  a standard  S-band  crystal  mixer. 

Output  from  the  mixer  provides 
an  S-band  signal  of  accurately 
knowh  frequency.  For  receiver 
testing,  which  is  the  primary  use  of 
the  present  unit,  a pulsed  signal 
is  normally  desired  and  provision  is 
made  for  internal  generation  of  a 
modulating  pulse. 

For  convenience  in  oscilloscopic 
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testing  of  receivers,  a suitable  sync 
source  is  provided  with  a variable 
delay  between  the  output  sync  pulse 
and  the  modulator  pulse.  For  max- 
imum utility,  provision  is  made  for 
use  of  an  external  trigger  for  syn- 
chronization with  other  system 
components. 

The  cathode-coupled  series-mode 
oscillator  has  been  found  ideally 
suited  to  operation  of  crystals  at 
harmonics  of  their  fundamental 
mode.  This  oscillator  originally  pro- 
posed by  Butler*  and  further  devel- 
oped by  Goldberg  and  Crosby*  con- 
sists of  a grounded-grid  amplifier 
driving  a cathode  follower.  Out- 
put of  the  cathode  follower  is 
in  the  proper  phase  to  supply  posi- 
tive feedback  to  the  grounded-grid 
stage.  By  using  a quartz  crystal 
as  the  cathode-coupling  impedance, 
the  feedback  will  be  of  the  proper 
phase  and  maximum  magnitude  at 
the  series-resonant  frequency  of  the 
crystal.  At  all  other  frequencies 
the  loop  gain  and  phase-shift  con- 
ditions will  forbid  oscillation. 

Frequency  Stability 

This  type  oscillator  is  greatly  im- 
mune to  changes  in  tube  character- 
istics, operating  voltages  and  stray 
circuit  impedances.  Both  the  input 
and  output  impedances  of  the  amp- 
lifier are  low,  less  than  200  ohms,  a 
criterion  which  analysis  will  show 
to  enhance  frequency  stability. 
Operation  of  the  crystal  at  its  ser- 
ies or  low-impedance  mode  will 
minimize  the  effect  of  variation  in 
circuit  constants. 

A recent  proposal  by  H.  Cress- 
man  of  Bendix  Radio  places  the 
crystal  in  the  grid  circuit  of 
the  grounded-grid  amplifier,  thus 
achieving  a grounded-grid  condi- 


tion only  at  the  series  resonant  fre- 
quency of  the  crystal.  At  other 
frequencies  the  degeneration  pro- 
vided by  the  high-impedance  grid 
circuit  forbids  oscillation.  Cathode- 
coupled  feedback  is  provided  by  a 
capacitor  with  the  over-all  opera- 
tion essentially  the  same  as  previ- 
ously described. 


Block  diagram  of  S-band  generator 


Some  simplification  in  circuitry 
is  provided  by  the  Cressman  oscil- 
lator in  multiple-channel  operation, 
in  that  one  crystal  terminal  may  be 
grounded  and  switching  accom- 
plished at  the  other  terminal.  Such 
an  oscillator  will  run  only  at  the 
fundamental  and  odd  harmonics. 
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The  oscillator  employed  by  the 
author  is  essentially  that  of  Cress- 
man  and  is  shown  schematically  in 
Fig-.  1.  A dual  triode  is  employed 
as  the  oscillator.  The  plate  tank  of 
the  grounded-grid  stage  is  a slug- 
tuned,  seven-turn  coil  on  a 0.6-in. 
Bakelite  form  resonated  by  stray 
capacitance.  The  high  L to  G ratio 
plus  the  lossy  iron  core  results  in  a 
broad-band  plate  impedance  capable 
of  providing  adequate  gain  to  sus- 
tain oscillation  over  the  desired 
band  of  60  to  61.666  me.  The  broad- 
band amplification  also  increases 
the  over-all  stability  of  the  oscil- 
lator since  loop  phase  shift  will  only 
vary  slowly  with  frequency. 

Amplitude  limiting  is  provided 
by  grid-leak  bias  on  the  cathode- 
follower  stage.  The  crystal  circuit 
uses  an  ordinary  toggle  switch  for 
channel  selection.  A 33,000-ohm 
resistor  shunting  the  crystal  pro- 
vides a d-c  return  for  the  grid  and 
is  large  enough  to  prevent  oscilla- 
tion in  the  absence  of  a crystal. 

Output  may  be  taken  from  the 
oscillator  at  several  points,  includ- 
ing the  plate  of  Via,  the  cathode  of 


Fib  or  the  plate  of  Fi*.  In  the  last 
case  the  plate  load  may  be  a band- 
pass circuit  tuned  to  a still  higher 
harmonic  of  the  crystal  frequency, 
thus  permitting  the  generation  of 
crystal-controlled  signals  at  fre- 
quencies upward  of  200  me  in  a 
single  stage. 

kesistor  Load 

Output  necessarily  falls  off 
rapidly  with  increased  multiplica- 
tion and  a resistor  load  provides 
output  at  the  50-mc  level.  The  re- 
sistor is  small  enough  to  have  a 
negligible  effect  on  the  output  im- 
pedance of  the  cathode  follower  or 
upon  the  magnitude  of  the  feed- 
back voltage  and  large  enough  to 
provide  some  gain  for  driving  the 
following  stage. 

Only  discreet  selected  frequen- 
cies are  available  from  such  an  os- 
cillator but,  in  cases  where  operat- 
ing frequencies  are  definitely 
specified,  crystals  may  be  selected 
accordingly.  No  limitation  to  two 
channels  of  operation  is  imposed. 
Turret  selection  of  crystals  for  ten 


or  more  channels  is  entirely  feas- 
ible. The  range  of  frequency  cov- 
erage is  limited  by  the  tuning 
range  of  the  plate  coils  in  the  oscil- 
lator and  multiplier  stages.  Cov- 
erage at  S-band  of  600  me  is  practi- 
cal with  the  present  circuit. 

The  oscillator  output  is  R-C 
coupled  to  a conventional  tripler 
stage,  a 6AK6  operated  approxi- 
mately class  C,  as  shown  in  Fig.  2. 
The  plate  load  of  the  tripler  is  a 
two-tum  slug-tuned  coil  resonated 
by  stray  capacitance  and  suffi- 
ciently broad-band  to  cover  the 
range  of  160  to  166  me  without  re- 
quiring retuning.  Bias  for  this 
stage  as  well  as  the  following  stage 
is  obtained  from  a bleeder  across 
a regulated  negative  power  supply. 

Output  of  the  tripler  is  R-C 
coupled  to  the  grid  of  a doubler 
stage  which  serves  as  a modulated 
output  amplifier,  shown  in  Fig.  2 
and  3.  The  output  tube  is  a 6AS6 
pentode,  chosen  for  its  sharp-cut- 
off  suppressor-grid  characteristics 
as  well  as  its  excellent  uhf  capa- 
bilities. For  c-w  operation  the  sup- 
pressor is  returned  to  the  cathode 
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and  the  tube  operates  as  a conven- 
tional doubler.  For  pulsed  opera- 
tion, the  suppressor  is  returned 
through  a resistor  to  a bias  well 
below  cut  off. 

A positive  pulse  supplied  to  the 
suppressor  permits  the  tube  to  con- 
duct for  the  duration  of  the  pulse. 
The  requirements  imposed  upon  the 
modulating  pulse  are  less  severe 
than  would  be  the  case  for  plate 
modulation,  particularly  if  suffi- 
cient pulse  amplitude  is  available 
to  drive  the  suppressor  well  above 
ground. 

Control  of  the  output  signal 
strength  is  made  possible  by  a po- 
tentiometer in  the  screen-grid  cir- 
cuit of  the  6AS6.  The  drive  sup- 
plied to  the  crystal  is  thus  set  by 
the  level  of  the  screen  voltage,  and 
smooth  control  of  the  output  volt- 
age at  S-band  is  available  over  a 
range  of  at  least  70  db  with  an  or- 
dinary wire-wound  potentiometer. 

Use  of  a wave-guide-below-cut- 
off  attenuator  in  the  output  line 
was  termed  unnecessary  since  no 
means  of  measuring  power  input 
to  the  attenuator  is  provided.  The 
plate  circuit  of  the  output  stage  is 
a single-turn  slug-tuned  self-reso- 
nant coil  normally  tuned  to  the  cen- 
ter of  the  operating  band  of  300  to 
310  me.  The  output  is  loop- 
coupled  to  the  crystal  multiplier. 
The  coupling  loop  and  plate  coil  are 
wound  concentrically  on  a 0.5-in. 
Bakelite  form. 

Crystal  Multiplier 

The  final  multiplication  to 
S-band  is  accomplished  by  rectifica- 
tion of  the  300  to  310-mc  signal  by 
a 1N21C  silicon  crystal  mounted  in 
a standard  S-band  coaxial  mixer 
assembly.  Input  to  the  crystal  is 
from  the  i-f  output  jack  of  the  as- 
sembly. The  S-band  output  is  re- 
covered from  the  jack  normally 
used  for  local  oscillator  injection  in 
a microwave  superheterodyne  re- 
ceiver. The  stub-supported  oscil- 
lator injection  line  serves  as  a filter 
to  remove  low-frequency  compo- 
nents from  the  output. 

The  variable  oscillator  injection 
probe  provides  a means  of  setting 


the  maximum  S-band  output  ob- 
tainable. Lesser  outputs  are  ob- 
tained by  controlling  the  screen 
voltage  of  the  output  stage.  The 
remaining  connection  to  the  mixer 
assembly  provides  a d-c  path  for 
the  crystal  through  a milliammeter 


FIG.  3 — Pulse-modulated  r-f  doubler 
and  output  stoge 


to  ground.  Crystal  current  may  be 
monitored  in  the  c-w  position  to 
give  a rough  approximation  of 
power  output  based  on  a previous 
calibration. 


Modulator 

The  modulator  section  of  the 
generator  provides  the  necessary 
internal  trigger,  pulse  delay  and 
modulator  pulse  to  drive  the  sup- 


FIG.  4 — Circuit  woreiorms:  (A)  sync 
pulse  irom  pulse-repetition-frequency 
oscillator;  (B)  delay  multiTibrotor  out- 
put showing  firing  of  triggered  block- 
ing oscdllotor  on  troiling  edge;  (C) 
modulator  output  pulse;  (D)  generotor 
output  with  strong  signal  input  and  age; 
(E)  generotor  output  ot  low  slgnol-to- 
noise  rotio,  with  no  age 


pressor  of  the  r-f  output  stage.  In- 
ternal sync  is  provided  by  a con- 
ventional free  - running  blocking 
oscillator  using  one  section  of  a 
12AT7  dual  triode,  V^,  in  conjunc- 
tion with  a pulse  transformer. 

Pulse  repetition  rate  is  variable 
from  200  to  800  pps  by  means  of 
a potentiometer  in  the  grid-return 
lead  of  the  oscillator.  Two  wind- 
ings of  the  pulse  transformer  are 
used  for  a 1-to-l  plate-to-grid  feed- 
back loop.  A third  winding  is  used 
to  drive  the  second  section  of  the 
12AT7  as  a cathode  follower. 

The  cathode  follower  output  is  a 
positive  pulse  of  approximately  100 
volts  amplitude  and  0.75-{jLsec  dura- 
tion. The  negative  overshoot  would 
terminate  the  period  of  the  delay 
multivibrator  prematurely  and  is 
accordingly  clipped  by  a 1N34  di- 
ode, as  in  Fig.  4.  The  pulse  is  fed 
to  a panel  jack  as  a sync  pulse  for 
auxiliary  equipment  and  also  to  the 
grid  of  a delay  multivibrator,  Vs. 
A second  panel  jack  provides  for 
use  of  an  external  input  trigger 
where  such  operation  is  more  de- 
sirable. A switch  selects  the  trig- 
ger source  and  disables  the  internal 
pulse-rate  oscillator  when  external 
sync  is  used. 

The  delay  generator  is  a cathode- 
coupled  one-shot  multivibrator  us- 
ing a 12AU7  dual  triode.  The  input 
section  is  biased  off  by  the  high 
cathode  potential  of  the  normally 
conducting  output  section.  The  ar- 
rival of  a trigger  pulse  at  the  grid 
of  Vbj.  generates  a negative  square 
wave  in  the  plate  circuit  which  cuts 
off  VsB  for  a period  determined  by 
a variable  R-C  combination  in  the 
grid  circuit  of  that  tube. 

The  width  of  the  positive  square 
wave  at  the  plate  of  Vta  may  be 
varied  from  approximately  1 to 
300  {tsec  with  the  circuit  constants 
shown.  The  plate  load  of  Fbb  is 
chosen  as  a compromise  between 
fast  rise  time  and  adequate  pulse 
amplitude.  The  particular  multivi- 
brator used  was  chosen  because  the 
output  plate  is  not  coupled  to  any 
other  tube  element.  The  timing 
process  is  unaffected  by  the  load. 

In  addition  to  the  normal  load  re- 
sistor, the  plate  circuit  of  V^b  con- 
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tains  the  plate  winding  of  the  mod- 
ulator blocjking  oscillator.  The 
positive-output  square  wave  is  dif- 
ferentiated by  the  combination  of 
the  plate  load  resistor  and  the 
transformer  inductance.  The  trail- 
ing edge  of  the  square  wave  thus 
provides  a sharp  negative  trigger 
in  the  plate  circuit  of  F<u,  a 12AU7 
connected  as  a biased  oscillator.  A 
1-to-l  coupling  to  the  grid  of  Vm 
with  appropriate  phase  reversal  in- 
itiates a cycle  of  oscillation  and  pro- 
duces a l-(i.sec  pulse  of  100  volts 
amplitude,  as  in  Fig.  4. 

A fixed  bias  of  —20  volts  pre- 
vents a free-running  condition  in 
the  modulator.  The  output  pulse  is 
coupled  through  an  isolating  cath- 
ode follower  to  the  pulse — c-w  selec- 
tor switch  for  use  in  modulating 
the  suppressor  of  F». 

The  blocking  oscillator  described 
will  generate  pulses  with  a maxi- 
mum duration  of  about  3 jisec, 
limited  by  the  low-frequency  re- 
sponse of  the  pulse  transformer. 
Variation  of  the  pulse  width  by  a 
panel  control  is  impractical.  How- 
ever, the  present  unit  was  designed 
with  a specific  microwave  system  in 
mind  for  which  a fixed  pulse  width 
is  desirable. 

Test  Results 

Tests  have  been  conducted  with 
the  completed  generator  on  an 
S-band  receiver  with  very  satisfac- 
tory results.  The  output  signal 
necessarily  contains  a large  number 


of  frequencies,  chiefly  harmonics  of 
the  300  to  310-mc  output  and  a 
number  of  beat  frequencies  at  in- 
tervals of  60  me.  Some  type  of  pre- 
selection is  desirable  in  order  to 
utilize  a specific  output  harmonic. 
For  use  with  equipment  not  having 
preselection,  an  external  transmis- 
sion cavity  tunable  over  the  oper- 
ating range  of  the  signal  generator 
may  be  required. 

Output  voltages  of  12  mv  into  a 
50-ohm  receiver  have  been  obtained 
with  16  ma  of  rectified  crystal  cur- 
rent referred  to  a c-w  basis.  To 
date  no  crystal  failures  have  oc- 
j curred  despite  the  rather  large 
I peak  currents  being  passed.  Oper- 
lation  over  a 100-mc  S-band  is  pos- 
sible by  selection  of  the  proper 
crystal.  No  retuning  of  the  three 
band-pass  plate  loads  is  necessary. 

A panel  meter  for  monitoring 
crystal-multiplier,  current  is  pro- 
vided and  serves  as  a tuning  indi- 
cator when  the  generator  is  oper- 
ated in  a c-w  condition.  Crystal 
current  also  provides  a rough  indi- 
cation of  the  output  power  avail- 
able. 

Frequency  checks  indicate  an  ac- 
curacy of  at  least  0.002  percent 
in  the  S-band  output.  The  pulse 
repetition  rate,  though  not  usually 
critical,  has  very  acceptable  sta- 
bility. A change  of  ± 10  volts  in 
supply  voltage  produces  a 1-pps 
change  in  the  800-pps  rate.  The 
delay  between  sync  pulse  and  the 
modulator  output  pulse  does  not  re- 


quire any  great  stability.  However, 
only  ± 1 [jLsec  variation  is  produced 
by  ± 10  volts  variation  in  plate 
supply. 

The  author  wishes  to  express  his 
appreciation  for  the  assistance 
and  advice  of  James  F.  Gordon  in 
the  development  of  this  instrument 
and  to  C.  C.  Bath  and  G.  W.  Clev- 
enger for  suggestions  as  to  circuit 
arrangements. 
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Compact  Microwave  Signal  Generator 


The  klystron  signal  generator 
to  be  described  provides  a handy 
source  of  microwave  energy  for  use 
in  studying  uhf  phenomena,  as  a 
demonstration  unit  to  illustrate 
microwave  "beacon  systems,  or  as 
a piece  of  test  equipment  for  mak- 
ing sensitivity  and  signal-to-noise 
measurements  on  microwaVe  re- 
ceivers. The  unit  employs  a 2K25 
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klystron  operating  at  approximately 
10,000  me,  and  either  modulated  or 
continuous-wave  output  is  avail- 
able. 

The  unit  consists  of  three  main 
sections : the  rather  unique  circuits 
used  for  modulating  the  klystron 
output,  the  scope  and  its  associated 
circuits  to  give  a visual  indication 
of  the  modulating  ipulses,  and  the 


power  supply  section. 

The  klystron  signal  generator 
utilizes  a system  of  modulation 
which  was  developed  by  Robert 
Rudin,  formerly  associated  with  the 
Leru  Laboratories.  The  system  is 
based  on  the  intermittent  genera- 
tion of  a carrier  of  constant  ampli- 
tude with  the  ratio  of  on  to  off 
periods  being  varied. 
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To  illustrate  this  principle,  let  us 
suppose  that  the  emission  of  an  r-f 
wave  is  being  interrupted  at  a cer- 
tain rate  and  that  the  on  periods  are 
as  long  as  the  off  periods;  the  en- 
velope will  then  be  a square  wave. 
If  this  signal  is  then  detected  at  the 
receiver  by  a diode  rectifier,  the 
diode  current  will  follow  the  en- 
velope and  the  resulting  square 
wave,  if  averaged  over  a period  of 
time,  will  assume  a steady  value. 
If  now  the  ratio  of  on  to  off  periods 
is  changed  so  that  the  emission  is 
on  longer  than  oflf,  the  average 
diode  current  at  the  receiver  will 
increase.  Lengthening  the  off 
periods  and  shortening  the  on 
periods  will  result  in  a reduction  of 
diode  current. 

It  is  convenient  to  keep  the  repe- 
tition rate  (25,000  pps)  of  the 
pulses  constant  and  vary  the  length 
of  the  on  periods.  Also  instead  of 
completely  cutting  off  the  emission 
of  the  carrier  wave  during  the  off 
periods,  its  amplitude  can  be.  re- 
duced to  a constant  predetermined 
fraction  of  the  amplitude  during 
the  on  periods.  It  is  seen  that  the 
relative  variations  of  diode  current 
depend  only  on  the  ratio  of  on  to 
off  periods  and  are  independent  of 
the  actual  amplitude.  It  is  there- 
fore possible  to  pass  the  received 
signals  thru  amplitude-limiting  de- 
vices before  detecting  them  and  in 
this  way  practically  eliminate  the 
influences  of  variations  in  trans- 
mission. 

To  accomplish  the  cutting  on  and 
off  of  the  2K25  klystron  output  in 
a practical  way,  the  circuit  of  Fig. 
1 is  used.  A sawtooth  voltage  is 
applied  to  Fi.  The  cathode  of  Vi  is 


biased  by  the  voltage  output  of  the 
cathode-follower  triode  F,  which  in 
turn  is  modulated  by  the  a-f  input. 
The  steady  cathode  bias  of  Fi  is 
determined  by  which  also  deter- 
mines the  grid  bias  of  F*.  The  drop 
in  the  cathode  resistor  Rt  deter- 
mines the  bias  of  Fi  and  determines 
the  ratio  of  on  to  off  of  Fi.  The 
plate  current  of  Fi  is  carried  thru 
Ri  and  the  voltage  drop  of  the  plate 
current  thru  iJ,  is  applied  to  the 
control  grid  of  Ft.  The  length  of 
the  plate  current  pulses  in  F,  are 
the  on  and  off  periods  desired  (see 
Fig.  2) . These  pulses  are  amplified 
and  used  to  turn  the  Klystron  plate 
voltage  on  and  off. 

The  front  panel  controls  provide 
a means  for  varying  the  klystron 


FIG.  1 — Circuit  diagxom  of  unique  modu- 
lator used  in  microwore  signal  generator 


FIG.  2 — Curve  of  Eg  ts  Ip  showing  how 
length  of  output  pulses  is  changed  by 
modulator  shown  in  Fig.  1 


repeller  voltage  and  thereby  vary 
the  r-f  frequency  within  narrow 
limits.  The  klystron  can  also  be 
operated  continuous  wave.  If  the 
klystron  is  to  be  evenly  pulsed  (no 
modulation),  the  centering  control 
is  used  to  vary  the  length  of  the 
pulse,  and  this  modulating  pulse 
can  be  seen  on  the  scope.  The  meter 
on  the  front  panel  gives  the  average 
klystron  cathode  current. 

The  output  of  the  microwave 
generator  may  be  radiated  by  the 
antenna  system,  shown  in  the 
photograph,  which  is  mounted  on 
a swivel  arrangement  so  that  the 
r-f  can  be  radiated  in  any  desired 
direction.  Or  the  parabolic  re- 
flector and  end  piece  may  be  re- 
moved and  a 3-cm  waveguide 
clamped  in  place  and  used  to  pipe 
the  microwave  signal  to  the  desired 
location. 
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Self-Regulating  Field  Excitation  for 

Magnetrons 

By  H.  C.  EARLY  AND  H.  W.  WELCH 


Stable  magnetron  operation  can 
be  obtained  by  utilizing  the  anode 
current  as  excitation  for  the  mag- 
netic field,  instead  of  using  a per- 
manent magnet  or  a separately 
excited  electromagnet.  The  volt- 
ampere  characteristic  of  the  mag- 
netron can  be  made  to  correspond 
to  a constant  power  curve  over  a 
significant  part  of  the  operating 
range,  or  to  optimum  modulating 
conditions. 

Series  Magnet  Connection 

Using  a series  connection  of  field 
and  anode  circuit,  adjustment  of 
anode  voltage  is  less  critical  and 
the  tuning  range  for  fixed  voltage 
is  greater  than  for  constant  magnet 
excitation.  In  experimental  circuits 
it  is  possible  to  put  the  tube  into 
oscillation  at  low  power,  observing 
tube  operation  before  applying  full 
power.  The  oscillating  state  of  a 
magnetron  with  series  excitation 
rises  uniformly  with  applied  power 
instead  of  suddenly  ]^or  fixed  excita- 
tion, as  shown  in  Fig.  1.  Parasitic 
oscillation  at  low  anode  voltages  or 
oscillation  at  abnormal  modes  is 
avoided.  In  addition,  the  high  in- 
ductance of  the  magnet  winding 
can  be  used  in  the  anode  power 
supply  filter,  and  the  output  power 
can  be  controlled  by  a single  Variac 
in  the  input  power  line. 


FIG.  1 — CompcoriBoa  of  oodUatbig  mog* 
netron  characteristics.  (Labels  should  be 
reTersed) 


Design  of  the  field  magnet  is 
restricted.  Minimum  anode  cur- 
rent and  maximum  flux  required 


dtoUon  of  its  magnet 
by  the  tube  determine  the  amount 


of  iron,  thermal  capacity,  and 
number  of  turns  of  the  magnet.  If 
the  magnet  saturates,  self-regulat- 
ing properties  of  the  circuit  are 
lost. 

The  circuit  can  be  connected  as 
shown  in  Fig.  2.  The  magnet  wind- 
ing can  be  used  in  the  power  supply 
filter  provided  the  plate  trans- 
former has  low  capacitance  to 
ground.  The  anode  block  of  the 
magnetron  is  at  ground  potential 
for  convenience  in  providing  water 
cooling.  The  shunt  provides  adjust- 
ment of  the  field  to  match  the 
characteristic  of  the  particular 
tube,  or  to  control  the  output  power. 

Although  a separate  field  excita- 
tion supply  is  unnecessary,  the 
anode  supply  must  provide  the 
voltage  drop  through  the  magnet 
winding.  A spark  gap  or  Thyrite 
resistor  across  the  magnet  winding 
should  be  provided  for  protection 
of  its  insulation  against  voltage 
surges.  The  series  magnet  reduces 
effects  of  changing  line  voltage  and 
power  supply  ripple.  A combina- 
tion of  series  and  shunt  field  wind- 
ings can  be  used  to  obtain  a variety 
of  characteristics.  Thyrite  resis- 
tors can  be  used  for  field  shunts  to 
further  alter  the  overall  magnetron 
operation.  (Work  reported  herein 
was  done  at  RRL  under  contract 
with  OSRD,  NDRC,  Div.  15.) 


Stabilizing  Frequency  of  Reflex  Oscillators 


Microwave  gen^iators  can  be 
stabilized  in  frequency  in  several 
ways.  The  method  to  be  described 
is  advantageous  in  that  it  is  all 
electronic,  uses  fewer  circuit  com- 
ponents than  some  methods,  and 
incorporates  several  simplifications 


By  GEORGE  G.  BRUCK 

of  the  plumbing.  Used  with  a 10- 
kmc  oscillator,  this  circuit  main- 
tains the  frequency  within  one  part 
in  10*. 

Duplex  Heterodyne 
The  operating  principle  can  be 


followed  through  the  block  diagram. 
Microwave  energy  from  the  oscil- 
lator enters  the  main  waveguide  G 
by  way  of  the  probe  P and  flows  in 
the  indicated  direction.  The  energy 
is  tapped  through  the  first  iris  Ii, 
which  admits  a small  amount  of 
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energy  to  the  upper  cavity  Ci.  This 
cavity  has  low  Q (of  the  order  of 
1,000)  and  serves  chiefly  to  isolate 
the  subsequent  portions  of  the  cir- 
cuit from  the  main  guide. 

A fraction  of  this  energy  is  ad- 
mitted to  the  first  crystal  Xi  (such 
as  a 1N/23B)  where  it  mixes  with 
energy  from  the  intermediate-fre- 
quency amplifier  output  (approxi- 
mately 30  me) . The  resulting  sum 
(or  difference)  frequency  is  trans- 
ferred into  the  second  cavity  Ca 
through  the  third  iris  L.  This  cav- 
ity has  a high  Q and  is  used  as  the 


Microwave  plumMng  is  shown  pictorially 
in  block  diagram  of  stabiliser 


frequency  reference.  The  energy 
in  the  second  cavity  is  coupled 
through  the  forth  iris  L to  the 
second  crystal  Xa  where  it  is  mixed 
with  energy  from  the  first  cavity 
coming  through  the  fifth  iris  Is. 
The  result  is  the  intermediate  fre- 
quency, which  is  returned  to  the  i-f 
amplifier  input  to  produce  oscilla- 
tion through  the  system  at  or  near 
the  intermediate  frequency. 

Oscillation  occurs  only  if  the  mi- 
crowave generator  delivers  suffic- 
ient power  to  the  mixer  crystals, 
which  condition  is  dependent  upon 
the  coupling  of  the  irises.  Because 
the  crystals  require  voltages  of  a 
given  magnitude  for  best  operation 
as  mixers,  the  irises  have  optimum 
size,  but  are  not  critical.  The 
choice  of  cavity  and  coupling  in  the 
upper  section  should  be  such  as  to 
sufficiently  attenuate  the  uhf  gen- 
erated in  the  first  crystal,  so  that 


feedback  through  any  channel  but 
the  high  Q cavity  is  avoided.  Using 
the  highest  possible  i-f  will  make 
attenuation  of  this  uhf  easier. 

Criteria  for  Oscillation 

The  system  will  oscillate  at  the 
nominal  frequency  of  the  amplifier 
if  the  phaseshift  through  the  two 
crystals  and  the  second  cavity  is 
zero.  A change  in  phaseshift  will 
change  the  intermediate  frequency. 
If  ft  is  the  original  microwave  fre- 
quency, /a  is  the  heterodyne  fre- 
quency produced  in  the  first  crystal 
and  to  which  the  second  cavity  is 
resonated,  /«  is  the  nominal  fre- 
quency of  the  amplifier,  S*  is  the 
phaseshift  in  the  second  cavity  and 
its  associated  couplings,  and  8*  is 
the  phaseshift  in  the  amplifier  and 
its  associated  elements,  then  = 
A z+z  A and,  for  oscillation,  8*  -f- 
8g  = 0,  with  the  second  cavity  tuned 
to  A-  Furthermore,  where  Qa  is 
the  loaded  Q of  the  second  cavity,  8» 
near  resonance  is 

82  /w  2 ( A<l>2/t*^2)  ^2 

where  Awa  is  the  deviation  from 
resonance.  By  introducing  Qs,  de- 
fined as  the  equivalent  over-all  Q of 
the  amplifier,  83  can  be  expressed  as 

83  2 (Abis/cOs)  Qs 

Using  these  expressions  for  phase 
shift  in  the  criteria  for  oscillation, 
selecting  the  positive  sign,  and 
simplifying,  one  obtains  an  expres- 
sion for  the  frequency  deviation  of 
the  amplifier 

aA  Q»  fiQs 


AA  Qa  faQa 

If  the  negative  sign  is  taken,  all 
terms  of  the  righthand  side  of  the 
equation  are  negative.  There  are 
two  other  possible  combinations  of 
signs,  but  they  represent  unstable 
conditions. 

For  the  relationship  between  fre- 
quency deviation  of  the  amplifier 
and  the  microwave  oscillator  to  be 
independent  of  the  circuit  elements, 
Qa  must  be  small ; that  is,  the  phase 
changes  very  little  with  frequency 
near  resonance;  Qs  can  be  made 
zero  over  an  appreciable  bandwidth, 
which,  although  not  indespensable, 
is  desirable.  Almost  any  SO-mc 


radar  i-f  strip  can  be  adapted  for 
the  purpose,  giving  an  i-f  deviation 
approximately  half  the  microwave 
deviation,  which  is  favorable  for 
proper  stabilization.  Because  grid 
current  in  the  amplifier  will  cause 
noticable  detuning,  such  nonlinear 
elements  as  Thermistors  or  Thy- 
rites  should  be  introduced  to  limit 
the  amplitude  of  oscillations  so  that 
detuning  is  unnoticeable. 

Oscillator  Control 

Recovery  of  information  from 
the  i-f  strip  is  straightforward. 
Any  discriminator,  separated  by  a 
buffer  stage,  supplies  sufficient  out- 
put to  control  a refiex  oscillator. 
The  oscillator  control  completes  a 
negative  feedback  loop  from  gener- 
ator through  guide  to  first  cavity 
through  the  mixers  and  second  cav- 
ity to  the  oscillating  i-f  amplifier, 
hence  through  the  discriminator 
back  to  the  generator.  Phaseshifts 
throughout  this  loop  must  not  in- 
troduce f-m  oscillations  in  the  over- 
all system. 

Frequency  modulation  can  be  in- 
troduced by  injecting  the  audio-fre- 
quency signal  through  an  additional 
mixer  between  the  i-f  amplifier  and 
the  discriminator.  The  i-f  output 
(30  me)  is  mixed  with  a frequency- 
modulated  auxiliary  oscillator  (10 
me)  ; the  resulting  difference  fre- 
quency (20  me)  drives  the  discrim- 
inator. Drift  in  the  auxiliary  oscil- 
lator will,  of  course,  affect  the 
microwave  oscillator,  the  micro- 
wave  deviation  being  about  twice 
that  of  the  auxiliary  oscillator. 

The  complete  circuit  is  easy  to 
adjust  and  operate.  The  micro- 
wave  components  are  not  critical, 
can  be  assembled  in  advance,  and 
need  no  adjustments.  The  two  cavi- 
ties can  be  coupled  mechanically  for 
tuning.  The  second  or  reference 
cavity  must  have  an  effective  Q 
higher  than  10,000  and  high 
thermal  stability;  it  is  preferably 
constructed  from  such  low  expan- 
sion alloys  as  Invar.  The  coupling 
irises  should  be  small.  The  ampli- 
tude control  of  the  i-f  amplifier 
must  keep  the  d-c  in  the  two  mixer 
crystals  constant.  In  testing  the 


MICROWAVES 


343 


circuit,  two  oscillators  were  easily 
kept  within  100  cps  of  each  other. 


The  circuit  was  developed  while  the 
author  was  with  Raytheon  Mfg.  Co., 


Waltham,  Mass,  and  the  inventions 
are  assigned  to  that  organization. 


Wide-Range  Resonators  for  VHF  and  UHF 

By  G.  F.  MOKTGOMERY  AND  P.  G.  SULZER 


The  resonators  discussed  in  this 
note  have  been  used  successfully  as 
oscillator  tank  circuits  between  50 
and  550  megacycles.  Their  large 
tuning  range  suggests  that  they 
may  be  useful  in  uhf  television  re- 
ceivers or  in  laboratory  oscillators. 
Work  on  the  resonators  was  in- 
spired by  Aske’s  description^  of  a 
single-ended  variable  capacitance- 
inductance  tuned  circuit.  Two  ex- 
perimental balanced  types,  draw- 
ings of  which  are  shown  in  Fig.  1, 
were  machined  from  brass  tubing. 
Tuning  is  effected  by  moving  a 
cylindrical  conducting  slug  axially 
through  the  resonator.  Terminals 
of  the  resonators  are  located  at 
points  X.  There  is  a superficial  re- 
semblance to  the  coaxial  butterfly 
circuits  described  by  Karplus®,  but 
the  resonators  are  essentially 
lumped-constant  devices  rather 
than  transmission  line  sections. 

The  resonator  of  Fig.  lA  con- 
sists of  a single-loop  inductance 
connected  to  capacitors  made  up  of 
two  short  half-cylinders  and  the 
tuning  slug.  The  minimum  fre- 
quency is  produced  when  the  slug 
is  entirely  contained  by  the  half- 
cylinders, since  then  both  the  capac- 
itance and  the  inductance  are  at  a 
maximum.  Conversely,  the  maxi- 
mum frequency  is  produced  when 
slug  is  contained  by  the  loop.  The 
resonator  shown  in  Fig.  IB  is 
similar  in  that  half-cylinders  are 
employed  for  capacitors;  however, 
the  inductors  consist  of  two  parallel 
strips,  as  shown.  The  tuning  mech- 
anism is  essentially  the  same  as  for 
the  first  resonator. 

Optimum  ratios  of  the  resonator 
dimensions  for  maximum  tuning 
range  are  probably  best  determined 
by  experiment.  But  if  it  is  assumed 
that  the  tuning  slug  shall  always 
remain  inside  the  resonator,  then 


it  appears  that  maximum  variation 
in  the  capacitive  and  inductive 
parts  of  the  resonator  will  be  ob- 
tained for  b = c + d in  Fig.  1 
A and  for  6 = d in  Fig.  IB. 

In  Fig.  lA,  assume  that  the  di- 
mensions are  fixed  at 
o = 6 = 2c  = 2ci 


and  that  the  slug  length  is  b.  Then 
the  maximum  capacitance  with  air 


FIG.  1 — Experimental  yhf-uhi  resona- 
tors, having  frequency  ranges  from  50 
to  approsdmately  550  me 


tween  slug  and  resonator,  the  di- 
mensions being  in  inches.  The  cor- 
responding maximum  inductance, 
assuming  a thin  conductor  and  neg- 
lecting skin  effect,  will  be,  approxi- 
mately, 

Li  = 0.071  a n h 

and  the  minimum  resonant  fre- 
quency will  be 


If  r/a  is  a constant  k,  then 
'>J~k 

f « 1,000  me 

a 

where  a is  in  inches. 

In  Fig.  IB,  assume  that 

b = d = l = 2a  = 5m  = 24f 
Then  the  maximum  capacitance  will 
be,  approximately, 

C = 0.112  + 

0 . 28  v 

= mm/ 

where  r is  both  the  radial  clearance 
and  the  axial  clearance  between  the 
slug  and  the  inside  end  of  the 
resonator. 

The  corresponding  maximum  in- 
ductance will  be,  approximately, 

L = 0 .04  a fjih, 

and  the  minimum  resonant  fre- 
quency will  be 

/ » 850  '4/ — ^ me 

yl  a® 

If  r/a  is  a constant  k,  then 

VT 

/ » 850  me 

a 

where  a is  in  inches. 
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Power  Tubes  in  Parallel  at  UHF 

By  J.  R.  DAY 


Current  interest  in  television  and 
other  communications  methods  at 
uhf  centers  about  the  problem  of  ob- 
taining appreciable  power  output 
from  conventional  equipment.  The 
aural  transmitter  furnished  for  an 
experimental  television  system  op- 
erating in  the  frequency  range 
from  500  to  550  me  employs  six 
type  2C39  tubes,  air-cooled,  with  a 
power  output  of  100  watts.  In  ad- 
dition, the  output  stage  acts  as  a 
tripler. 

The  arrangement  illustrated  is 
the  simplest  and  most  straightfor- 
ward way  found  to  parallel  uhf 
tubes  for  increasing  power  capabil- 
ities. Possible  means  were  limited 
by  the  requirements  that  n times 
the  power  of  1 tube  be  secured  with 
n tubes,  and  that  the  arrangement 
have  substantially  the  same  upper 
frequency  limit  as  an  optimum  de- 
sign for  a single  tube.  These  two 
requirements  are  related  in  that  in 
undesirable  designs  failure  to  se- 
cure n times  the  power  with  n tubes 
usually  is  due  to  a progressive  low- 
ering of  the  upper  frequency  limit 
as  n increases.  The  present  cir- 
cuit meets  these  requirements  for 
all  practical  values  of  n,  and  is 
amenable  to  use  with  currently 


FIG.  1 — Crou  sections  of  o crlindricol  miil- 
tltube  empUfier  operated  odrare  500  me 


available  tube  types. 

The  diagram  of  Fig.  1 shows  the 
basic  idea  involved.  The  active  in- 
put and  output  circuits  comprise 
three  coaxial  cylindrical  surfaces, 
and  four  shorting  rings.  The  tubes 
used,  must  be  either  the  planar  type 
or  those  with  an  external  disc  con- 
nection to  the  separation  electrode 
located  between  the  input  and  out- 
put electrode  along  the  main  axis. 
They  are  arranged  with  their  axis 
lying  in  a plane  normal  to  the 
coaxial  cylinders,  and  with  each 
axis  normal  to  the  cylindrical  sur- 


faces. The  plane  of  the  tubes  is  nor- 
mally about  half  way  between  the 
shorting  rings  so  that  in  effect  they 
are  at  or  near  the  voltage  loop  of  a 
resonant  half-wave  coaxial  circuit. 
The  tube  capacitances  shorten  the 
circuit,  but  no  more  for  n tubes 
than  for  one  with  the  same  distrib- 
uted parameters  for  the  circuit  in- 
volved. The  tubes  are  oriented,  to 
facilitate  insertion,  so  that  the 
smallest  electrode  connection  is  in- 
ward. Thus  with  2C43’s  the  outer 
circuit  would  be  the  grid-cathode, 
while  with  2C39’s  it  would  be  the 
plate-grid  circuit. 

The  possibility  that  this  type  of 
circuit  could  support  extraneous 
modes  was  examined.  Neither  paper 
work  nor  experiment  disclosed  any 
unusually  favorable  conditions  for 
such  modes.  Of  the  second  order 
possibilities  the  most  likely  seemed 
to  be  the  one  wherein  the  electric 
field  is  normal  to  the  cylindrical 
surfaces  and  varies  in  intensify 
along  a path  in  a plane  normal  to 
the  axis  of  the  cylinders.  Such  a 
mode  could  always  be  suppressed  by 
means  of  a slot  parallel  to  the  cyl- 
inder axis.  Removal  of  tubes  did 
not  cause  excitation  of  spurious 
modes. 


High-Frequency  Impedance  Plotter 

By  R.  C.  RAYMOND  AND  C.  E.  DRUMHELLER 


A HIGH-FREQUENCY  impedance- 
measuring  system  consisting  of  a 
circular  slotted  line  that  is  scanned 
rapidly  by  a probe,  an  oscilloscope 
and  a mechanical  computer  has 
been  developed.  It  is  fairly  accurate 
for  standing  wave  ratios  less  than 
4 to  1 and  covers  a range  from  140 
to  1,200  me.  For  rapid  surveys  in 
which  accuracy  is  not  important  at 
large  standing  wave  ratios  but  in 


which  it  is  necessary  to  make  many 
measurements,  this  equipment  re- 
duces the  labor. 

Basis  of  Operation 

To  reduce  the  measurements  to 
the  magnitude  and  phase  angle  of 
the  impedance  being  studied,  the 
standing  wave  is  presented  on  an 
oscilloscope  and  then  transferred  to 
a circular  impedance  chart  by  the 


cord-and-linkage  computer  of  Fig, 
1.  The  trace  on  the  oscilloscope  is 
obtained  as  shown  in  Fig.  2,  show- 
ing second  portion  of  the  computer. 

An  oscillator  feeds  a circular 
slotted  line  through  an  impedance 
matcher.  The  slotted  line  is  a sec- 
tion of  a coaxial  line  formed  in  a 
circle  of  11-inch  mean  diameter, 
made  by  turning  grooves  in  two 
brass  discs.  The  center  conductor 
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FIG.  1 — ^Mechanical  computer  tronifen  position  of  minimum  of  standing  wave  ratio 
pattern  traced  on  c-r  tube  to  phase  angle  of  unknown  impedance  on  Smith  chart 


of  copper  wire  is  supported  in  a 
polystyrene  ring  milled  to  accept  it 
and  with  a slot  for  the  probe.  At 
one  end  the  line  smoothly  joins  a 
straight  section  terminating  in  a 
coaxial  fitting.  The  other  end  of 
the  line  is  brought  through  the  back 
cover.  Because  the  line  is  propor- 
tioned to  have  the  same  character- 
istic impedance  and  diameter  as 
the  cable  with  which  it  is  used, 
tapers  are  unnecessary. 

This  circular  construction  of  the 
slotted  line  enables  the  probe  to  be 
moved  continuously  around  it.  The 
varying  r-f  current  thus  picked  up 
is  fed  through  a detector  to  a bal- 
anced amplifier  that  is  fiat  from  30 
cps  (the  frequency  with  which  the 
probe  travels  around  the  line)  to 
about  100  cps  to  a 12-inch  cathode- 
ray  tube,  which  gives  a useful  swr 
plot  6 by  8 inches.  The  vertical 
amplifier  must  have  sufficient  sensi- 
tivity to  produce  full-scale  defiec- 
tion  with  inputs  of  the  order  of  100 
microvolts.  The  linear  sweep  cir- 
cuit is  synchronized  with  the  rotat- 
ing probe.  The  trace  on  the  crt  is 
then  the  squared  swr  as  a function 
of  position  along  the  line.  This  is 
the  same  information  that  would  be 
obtained  on  a manually-operated 
slotted  line,  and  the  load  impedance 
could  be  obtained  from  it  by  the 
same  computations.  However,  it  is 
simpler  to  use  a mechanical  com- 
puter. 

Phase  Angle  and  Magnitude 

There  are  two  computations 
necessary.  These  are  performed  by 
two  motions  for  plotting  a point  on 
the  impedance  chart:  (1)  a rotation 
of  the  chart  corresponding  to  a 
measured  line  distance  in  half 
wavelengths  and  (2)  a radial 
motion  corresponding  to  a standing 
wave  ratio.  The  first  computation 
is  accomplished  by  the  mechanism 
of  Fig.  1,  the  second  by  that  of 
Fig.  2. 

The  standing-wave  pattern  on  the 
oscilloscope  is  adjusted  to  a refer- 
ence frame  using  the  centering  and 
gain  controls.  When  the  detector 
probe  passes  through  the  short 
space  in  the  circular  line  between 
thp  input  and  output  connectors. 


there  is  no  signal,  thus  a zero  refer- 
ence is  established  as  shown  in  the 
lower  left-hand  comer  of  the  oscil- 
loscope (Fig.  1)  to  which  the  refer- 
ence frame  is  positioned.  To  deter- 
mine the  angle  of  rotation  of  the 
impedance  chart,  the  distance  from 
the  unknown  impedance  to  the  cur- 


FIG.  2 — Standing  wove  ratio,  obtained 
from  circular  slotted  line,  is  displayed  on 
oscilloscope,  then  transierred  to  impedance 
chart  to  gire  value  of  unknown  impedance 

rent-minimum  shown  on  the  oscillo- 
scope must  be  found.  If  a connect- 
ing cable  is  used  between  the  un- 
known impedance  and  the  slotted 
line,  its  electrical  length  must  be 
considered.  This  is  done  by  the  A 
scale,  which  is  calibrated  at  the 
oscilloscope  in  terms  of  equivalent 
length  of  the  cable.  The  elements 
of  the  dividing  lever  are  then  set  to 


the  proper  positions  on  their  scales, 
one  for  operating  frequency,  the 
other  for  the  relative  velocity  on 
the  wave  in  the  slotted  line.  The 
lever  is  then  moved  so  that  the  ver- 
tical cursor  intersects  the  swr  pat- 
tern at  its  minimum.  With  the 
computer  built  to  the  proper  di- 
mensions for  the  particular  param- 
aters  used  in  the  setup  (velocity  of 
propagation  in  the  slotted  line,  cir- 
cumference of  chart  driving  drum 
and  so  forth),  the  chart  is  rotated 
to  show  the  proper  phase  angle. 

The  magnitude  of  the  unknown 
impedance  is  determined  by  the 
standing  wave  ratio.  The  trace  on 
the  oscilloscope  is  adjusted,  using 
the  gain  control,  so  that  it  touches 
the  top  and  bottom  of  the  reference 
frame,  as  shown  in  Fig.  2.  The 
horizontal  cursor  is  then  aligned 
with  the  minimum.  This  position 
is  transferred,  through  a cam  that 
is  made  by  plotting  the  square 
law  characteristic  of  the  detector, 
to  the  impedance  chart. 

With  this  equipment  the  charac- 
teristics of  wideband  systems  can 
be  determined  quickly  and  the 
effects  of  adjustments  on  them 
readily  observed.  Both  the  phase 
angle  and  impedance  magnitude  de- 


346 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


termined  with  the  equipment  are 
determined  with  reliability  for  swr 
less  than  4 to  1.  Because  of  the 


square  law  response  of  the  detector, 
the  magnitude  of  the  impedance  is 
in  error  at  higher  ratios,  but  the 


phase  angle  is  still  in  good  agree- 
ment with  other  measurements. 


Matching  Loads  on  a Magic  Tee 

By  A.  C.  MACPHERSON  AND  D.  M.  KERNS 


A MAGIC  TEE  (Fig.  1)  is  often  used 
to  match  a variable  load  to  an  arbi- 
trary fixed  load.  The  arbitrary 
load  and  the  variable  load,  of  reflec- 
tion coefficients  Si  = |/Si|exp  j^i,  and 
Sz  = I /Sal  exp  jds  respectively,  are 
placed  on  arms  1 and  2,  respectively 
of  the  magic  tee.  A signal  genera- 
tor feeds  power  to  arm  4,  and  S*  is 
tuned  until  a null  is  indicated  by  a 
detector  in  arm  3.  If  the  power  de- 
livered to  the  detector  is  less  than 
the  minimum  power  the  detector 
can  indicate,  the  null  is  only  appar- 
ent and  will  be  observed  for  a 
range  of  values  of  Sz  in  the  neigh- 
borhood of  Si.  There  follows  a 
method  of  evaluating  the  limits  of 
this  range. 

Assume  that  the  generator  and 
the  detector  are  reflectionless.  Then 
it  can  be  shown  that  for  a sym- 
metrical lossless  magic  tee  APa/Pt  = 
[ \Si\‘  + \Sz\‘  - 2|/Slil  l/S.lcos  (di  - 
62)  ] , where  Pa  is  the  power  delivered 
to  the  detector  in  arm  3 and  P4  is 
the  power  fed  into  arm  4.  Power  P* 
is  related  to  the  power  that  the 


generator  would  deliver  to  a matched 
load,  P„,  by  P^^P^d  - |SJ*). 
Assume  that  there  is  some  defi- 


FIG.  1 — ^Magic-tee  network  used  to 
match  variable  load  to  on  orbitrory 
iixed  lood 


nite  value  of  Pa  which  is  the  mini- 
mum power  that  the  detector  can 
indicate. 

Since  the  above  expression  has 
the  form  of  the  law  of  cosines,  a 
very  simple  geometric  solution  pre- 
sents itself. 

On  the  complex  plane,  draw  Si  to 
any  convenient  scale  as  shown  in 
Fig.  2.  Using  the  same  scale,  with 


the  terminus  of  Si  as  a center,  draw 
a circle  of  radius  2 VPs/P*.  Then 
the  locus  of  the  terminus  of  S2  will 
be  on  or  in  this  circle.  (The  figure 
is  drawn  for  the  following  values: 
Pa  = 10  ® watts;  P4  = 10'“  watts; 
Si  = 0.1  exp  ( jic/4)  ) . It  is  clear  from 
the  drawing  that  in  general  the 
largest  possible  difference  between 

1 Si  I and  IS2I  is  2 y/Pa/P*,  and  the 
largest  possible  difference  between 
di  and  62  is  given  by  sin(^i  — $2)  = 

2 VPjPT/lSil 


FIG.  2 — Geometric  solution  of  mogic-tee 
load-matching  problem 


Citizens  Radio  Wavemeter 


Two  coaxial-type  wavemeters  are  described  in  detail  for  guidance  of  experimenters  develop- 
ing equipment  for  the  band  from  460  to  470  me.  Accuracy  may  be  made  adequate  for  use 
with  class  B gear  or,  by  greater  construction  precision,  with  class  A transmitters 


The  gradual  push  toward  more 
widespread  use  of  the  frequen- 
cies above  300  megacycles  by  the 
general  public,  and  by  non-commer- 
cial and  non-research  organizations 


By  WILLIAM  B.  LURIE 

such  as  radio  amateurs  and  own- 
ers of  Citizens  Radio  Service  equip- 
ment, has  created  a need  for  some 
means  of  checking  transmitted  fre- 
quency in  this  range. 


Perhaps  the  simplest  method  is 
by  means  of  a Lecher  line,  but  this 
is  subject  to  the  limitations  of 
maximum  accuracy  obtainable,  sus- 
ceptibility to  external  influence. 
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maximum  sensitivity,  and  fineness 
of  tuning.  For  example,  the  AN/ 
APT-5  radar  jammer  (recently 
available  as  surplus  equipment) 
was  furnished  with  a simple  paral- 
lel-line wavemeter,  calibrated  di- 
rectly in  centimeters.  By  careful 
adjustment,  this  wavemeter  should 
indicate  the  half-wavelength  being 
monitored  to  =t0.2  cm,  yielding  a 
limiting  accuracy  at  50  cm  (600 
me)  of  =t:0.4  cm,  or  ±0.8  percent. 
The  pilot-light  indicator  on  this 
wavemeter  requires  only  about  50 
milliwatts  for  a reasonable  indica- 
tion. This  type  of  device,  however, 
can  be  thrown  far  off  calibration  by 
proximity  effects  and  poor  contacts 
on  the  slider.  In  fact,  one  com- 
mercial manufacturer  of  a similar 
instrument  rates  it  at  2-percent 
accuracy. 

Cavity  frequency  meters  (more 
correctly,  wavelength  meters) 
should  be  inherently  free  from  ex- 
ternal influences,  being  entirely 
shielded.  They  may  be  made  and 
calibrated  as  accurately  as  machine 
tools  and  temperature  effects  will 
allow  and  may  be  made  as  fine  in 
tuning  as  machined  screw  threads 
can  be  fashioned. 

Basic  Design 

Consider  first  a section  of  air- 
dielectric  coaxial  line,  as  shown  in 
Fig.  1,  For  the  physical  constants 
shown,  this  section  will  have  a char- 
acteristic impedance  Zo  equal  to  138 
logio  (5/a).  If  this  line  is  com- 
pletely shorted  at  one  end,  and 
power  is  coupled  in  at  that  end,  the 
cavity  so  formed  will  have  a react- 
ance X at  any  frequency  / given  by 
the  relationship 

X = Zo  tan  {2wl/\)  = Zo  tan  (2-irfl/c) 

If,  now,  a capacitance  C is  added 
across  the  open  end  from  the  center 
to  the  outer  conductor,  such  that 
Xc  = -l/2T:fC  = -ZMn  (2i:fl/c), 
the  line  will  be  tuned  to  resonance. 
If  the  capacitor  is  made  vari- 
able, the  whole  instrument,  when 
calibrated,  comprises  a wavemeter. 

To  improve  the  shielding,  the  open 
end  of  the  line  is  usually  closed  by 
adding  an  end  plate  or  disk,  after 


which  the  simple  calculation  for  un- 
loaded resonant  wavelength  must 
be  considered  approximate,  since 
the  radial  electric  field  near  the  end 
of  the  center  conductor  is  distorted 
by  the  end  disk.  Further,  the 
capacitance  between  the  end  disk 
and  the  center  rod  itself  becomes 
a pertinent  part  of  the  loading  or 
tuning  capacitance.  If  the  center 
rod  is  made  larger  in  diameter,  and 
its  separation  from  the  end  disk 
made  variable,  this  variable  capaci- 
tance may  be  made  to  alter  the 
resonant  frequency  of  the  unit, 
which  now  may  be  considered  to  be 
a loaded  coaxial  TEw-mode  cavity, 
with  variable  capacitance  loading. 

The  amount  of  loading  capaci- 
tance may  be  calculated  as  de- 
scribed above,  from  the  equation 

1 „ - 1 = Uo  tan  {2nfl/c)  I , 


2‘kJZo  tan  {27rfl/c) 

Assuming  that  all  of  this  capaci- 
tance will  be  provided  between  the 
center  rod  and  the  end  disk,  the  ap- 
proximate equation  C = 0.2235  A/d 
for  parallel-plate  capacitors  may 
be  applied,  giving 

d = 0.2235  A X 2ir/Z„  tan 
2'Kfl/c  = OAAlitAfZo  tan  2'izfl/c 
where  A is  area  of  one  plate  in 
square  inches  and  d is  plate  separ- 
ation in  inches. 

Thus,  all  of  the  factors  necessary 
for  design  of  a simple  cavity  wave- 
meter may  be  calculated,  with  the 
exception  of  the  effect  of  distortion 
of  the  field  near  the  end  plate.  The 
coupling  loop,  for  example,  must 
not  be  too  large,  or  the  variable  re- 
actance of  the  cavity,  while  tuning, 
will  be  strongly  reflected  into  the 
circuit  being  calibrated.  This  may 
cause  detuning  of  the  oscillator, 
or  pulling,  or  cavity  heating  on  a 
high-powered  circuit. 

A large  loop  will  project  out  of 
the  high-current  high-magnetic- 
field  end  of  the  cavity,  into  the 
region  where  the  radial  electric  field 
should  be  appreciable.  Since  a con- 
ductor cannot  tolerate  an  electric 
field  gradient  along  its  length,  the 
field  must  be  distorted,  and  so  one 
more  error  in  the  basic  cavity  cal- 


culation is  introduced. 

If  the  loop  is  too  small,  on  the 
other  hand,  then  it  will  not  be  able 
to  cut  enough  lines  of  flux  in  the 
cavity  to  couple  the  cavity  into  the 
external  circuit.  This  will  result  in 
too  low  an  apparent  Q,  evidencing 
itself  in  extremely  broad  tuning, 
and  a consequently  inaccurate  indi- 
cation of  resonance.  A compromise 
must  be  effected  on  the  undercou- 
pled side,  to  prevent  overcoupling, 
pulling,  and  a large  error  in  the 
prediction  of  the  range  of  operation. 

Practical  Design 

In  the  460-470  megacycle  region, 
a quarter-wavelength  is  about  6.5 
inches,  and  so  an  inside  cavity 
length  of  about  four  inches  was 
tried  in  the  first  experimental 
model.  The  length  must  be  shorter 
than  a quarter-wavelength  so  that 
it  may  be  tuned  to  resonance  by  the 
addition  of  the  loading  capacitance. 

For  the  cylinder,  stock  brass  tub- 
ing 2|-inch  O.D.,  2-9/16-inch  I.  D. 
was  used.  The  center  rod  was  a 
piece  of  li-inch  brass  rod,  with 
the  end  facing  the  plunger  tapered 
to  one  inch.  The  characteristic  im- 
pedance was  calculated  to  be  about 
43  ohms.  End  pieces  were  ma- 
chined from  3i-inch  diameter  brass 
rod,  and  the  variable  capacitance 
was  provided  by  threading  a li-inch 
diameter  rod  into  one  end  piece,  at 
48  threads  per  inch. 

Power  was  coupled  into  the  cav- 
ity by  a coupling  loop  placed  in  a 
radial  plane  at  the  low-voltage-high- 
current  end  of  the  cavity.  In  addi- 
tion, a fixed  capacitance  of  about 
3 micromicrofarads  (Erie  type 
NPOK)  was  soldered  across  as 
shown  in  Fig.  2. 

Calibration  was  accomplished  by 
loosely  coupling  the  cavity  as  a 
shunt  on  the  line  from  an  oscillator 
to  an  antenna,  and  monitoring  the 
radiated  power  with  a broad-tuned 
radiated  power  meter  and  a Lavoie 
microwave  frequency  meter.  A 
section  of  RG-21/U  cable  was  used 
as  an  attenuator  after  the  oscil- 
lator, to  minimize  pulling  effect  on 
the  unstabilized  B'C-645  oscillator. 
The  arrangement  is  shown  in  Fig. 
3. 
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The  cavity  impedance  was  actu- 
ally reflected,  through  the  r-f 
transformer  action  of  the  coupling 
loop,  back  to  the  main  line  where 
it  appeared  as  a shunt  reactance. 
Standard  r-f  cable  (RG-8/U)  was 
used  throughout,  except  for  the 
section  of  high-attenuation  cable 
mentioned.  Standard  type  N fit- 
tings (UG-21/U,  UG-58/U,  UG- 
29/U  and  UG-107/U)  were  used. 

No  difficulty  was  experienced  in 
determining  the  position  corres- 
ponding to  cavity  resonance;  a dis- 
tinct dip  in  radiated  power  was  ob- 
served. Care  must  be  taken  to 
avoid  spurious  responses,  if  other 
frequencies  are  present  in  addition 
to  the  fundamental.  The  curve  of 
Fig.  4 shows  the  calibration  of  this 
first  model.  The  tuning  sensitivity 
near  465  me  is  about  90  degrees 
plunger  rotation  for  one  megacycle, 
or  about  four  megacycles  per  turn. 

Second  Model 

On  the  basis  of  this  rough  model, 
a second  cavity  was  built,  as  shown 
in  Fig  5.  Stock  brass  tubing  of 
1.75-inch  O.D.,  0.083-inch  wall 

thickness  was  used  as  the  cylinder. 
The  center  rod  was  machined  down 
to  0.415-inch  diameter,  from  0.875- 
inch  brass  rod,  leaving  a i-inch 
portion  at  full  diameter  as  a fixed 
capacitance  plate. 

All  pieces  were  silver  plated  be- 
fore assembly.  After  plating,  the 
characteristic  impedance  was  ex- 
pected to  be  near  80  ohms,  77  ohms 
being  the  figure  generally  quoted 
as  the  impedance  for  optimum  Q. 

End  pieces  were  machined  from 
2-inch  O.D.  brass  disks  I-inch 
thick;  the  variable  capacitance  was 
provided  by  threading  a i-inch  dia- 


FI6.  1 — ^Basic  concept  of  cooocial  line 
used  to  derelop  woremeter 


FIG.  2 — ^Mechonlccd  drawing  of  first 
model  of  carlty  woremeter 


meter  rod  into  one  end  piece,  at  64 
threads  per  inch. 

Calibration  was  again  accom- 
plished by  recording  resonant  fre- 
quency versus  angular  rotation  of 
this  plunger,  instead  of  longitudinal 
displacement.  A scribe  mark  was 
placed  on  the  external  portion  of  the 
plunger  and  the  outer  face  of  the 
end  disk  was  marked  off  every  30 
degrees,  thereby  providing  a dial 
on  which  to  read  plunger  rotation 
and,  therefore,  displacement. 

Calculations  from  the  formulas 
are  as  follows : I = 5 inches  = 12.7 
cm ; A = 0.6  square  inches,  Z,  = 80 
ohms.  Then  1/C  = 502  f tan  2.66 
X 10-*/. 

In  the  region  of  460-470  mega- 
cycles, a change  of  10  me  should 
require  a shift  of  0.0096  inch,  while 


FIG.  4 — Colibratlon  curve  of  first  model 
constructed 


one  turn  of  the  plunger  at  64 
threads  per  inch  advances  it  0.0156 
inch.  One  turn,  then,  should  be 
about  16  megacycles,  at  a center 
frequency  of  465  me,  or  about  13 
me  at  475,  11  at  486,  or  9.4  at  495 
megacycles.  Actual  tuning  as 
measured  on  the  first  cavity  of 
these  dimensions  was  9 me  per 
turn  at  465  megacycles,  indicating 
that  the  effective  capacitive  effect 
of  the  field  distortion  at  the  high- 
voltage  end  was  about  0.46  (ifif, 
sufficient  to  shift  the  resonant  fre- 
quency 30  megacycles. 

Accuracy 

Since  the  tuning  sensitivity  was 
9 me  per  turn,  or  per  360  degrees, 
the  accuracy  of  scale  reading  should 
be  better  than  =±;5  degrees,  or 


FIG.  3— ^Bleck  diogram  of  setup  for  eallbrotloD  and  schematic  circuit  of  cobles  to 

wavemeter 
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±0.13  me,  or  ±0.028  percent. 
Even  allowing  for  ±10  degrees 
backlash  in  threads,  ±.08  percent  at 
any  one  temperature  should  be 
assured. 

The  question  of  temperature, 
however,  is  of  major  concern.  Mak- 
ing all  parts  of  brass,  an  expansion 
coefficient  of  about  18  parts  per 
million  per  degree  Centigrade  may 
De  expected  (1.000018).  Since  the 
fundamental  resonant  wavelength 
is  proportional  to  the  physical 
length  of  the  cavity  (unloaded), 
the  resonant  frequency  will  lower 
0.0018  percent  per  degree  rise  in 
temperature. 

In  the  5-inch  long  460-470  me 
cavity,  the  unloaded  resonant  fre- 
quency is  590  me,  and  will  therefore 
shift  590  X 18  X lO  *,  or  10.62  kc 
per  degree  C.  However,  the  spacing 
between  the  center,  rod  and  the 
plunger  will  increase  in  proportion, 
0.0018  percent  of  0.1292  inch,  or 
2.32  X 10'*  inch  per  degree  C. 

A tuning  sensitivity  of  9 me  per 
15.6  X 10'*  inch  has  been  observed. 


corresponding  to  1.33  kc  for  2.32  x 
10**,  giving  an  overall  frequency 
shift  of  9.29  kc  per  degree  C.  Over 
a range  of  50  to  90  F,  or  about  ± 
10  C,  a frequency  uncertainty  of 
±0.093  me,  or  ±0.02  percent  is 
introduced,  bringing  the  total  to 
near  0.1  percent. 

Using  low-expansion  coefficient 
material,  a saving  of  only  0.002 
percent  per  degree  C may  be 
realized,  while  baeklash  effects  in 
worn  or  poorly  machined  threads 
can  produce  forty  times  this  effect. 
Even  so,  an  amateur  machinist 
should  be  able  to  manufacture  a 
cavity  wavemeter  which,  after  cali- 
bration, should  meet  the  class  B 
FCC  tolerance  of  ±0.4  percent  for 
Citizens  Radio  Service  equipment. 

Increased  Sensitivity 

An  interesting  design  improve- 
ment is  the  substitution  of  a fixed 
capacitor  for  a portion  of  the  load- 
ing capacitance.  It  has  been  calcu- 
lated that  1.406  fi/if  is  required 
at  470  me,  of  which  0.45  /ijuf  is 


supplied  in  stray  and  fringing 
capacitance,  leaving  0.956  to  work 
with.  If  0.5  fji/id  of  fixed  capaci- 
tance is  added  in  the  form  of  a 
small  ceramic  capacitor,  such  as  an 
Erie  Ceramicon,  type  N330K,  sold- 
ered directly  across  from  the  flared 
end  of  the  center  rod  to  the  brass 
cylinder  near  the  end  plate  contain- 
ing the  tuning  screw  (see  Fig.  2), 
then  distances  di  in  Table  I are 
applicable,  instead  of  d.  These  have 
been  calculated  assuming  0.45  + 
0.5  or  0.95  /4/*f  of  fixed  capacitance, 
plus  0.456  fifif  of  variable  capaci- 
tance at  470  megacycles. 

The  tuning  sensitivity  near  465 
me  has  now  been  changed  from  9 
me  per  turn  (0.0156  inch)  to  about 
2 me  per  turn,  and  the  error  caused 
by  ±15  degree  plunger  uncertainty 
has  been  reduced  to  ±87  kc,  or 
±0.0187  percent.  Furthermore, 
use  of  a negative  temperature  coeffi- 
cient capacitor  of  0.5  will  pro- 
vide some  correction  for  thermal 
expansion  of  the  cavity.  The  change 
of  a 0.5  juL/xf  N330K  capacitor  in  one 
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FIG.  5 — Complete  mechanical  detail*  of  final  wavemeter.  All 
part*  were  idlver  plated  before  final  assembly 


FIG.  6 — ^Frequency  calibration  with  o fixed  capacitor  forming 
a portion  of  the  loading  copadtonee 
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degree  C is  165  X 10'®  /xju-f;  the 
sensitivity  to  a capacitance  shift 
is  10  me  per  0.156  ju,ju,f,  or  10,57  kc 
for  165  X 10  ® /x/xf,  very  closely  bal- 
ancing the  9 to  10  kc  calculated. 

Another  attempt  at  temperature 
compensation  may  be  made  by  mak- 
ing certain  portions  of  the  cavity  of 
material  of  thermal  expansion 
coefficient  different  from  that  of 
brass.  The  center  rod,  for  ex- 
ample, may  be  made  in  two  pieces, 
one  of  brass,  (of  expansion  coeffi- 
cient about  18  X 10'®  per  degree  C), 
and  one  of  steel  (of  expansion  co- 
efficient about  12  X 10  ® per  deg.  C. 

Theoretically,  by  careful  adjust- 
ment of  the  length  of  the  steel 
section,  the  natural  overall  nega- 
tive temperature  coefficient  of  fre- 
quency may  be  exactly  balanced, 
but  actually  this  is  not  practicable. 
Furthermore,  the  effects  of  solder- 
ing, whether  low-temperature  or 
high-temperature,  are  such  as  to 
make  the  exact  expansion  coeffi- 
cients unpredictable.  Also,  the 
mathematics  of  the  capacitance- 


loading calculation  shows  that  such 
a correction  would  only  be  effective 
over  a narrow  temperature  range. 
In  practice,  it  is  wise  to  calibrate 
a cavity  wavemeter  at  several 
temperatures. 

Alternotive  Design 

The  last  variable  source  of  error 
may  be  eliminated  by  using  a high- 
grade  micrometer  movement  for  the 
plunger,  careful  machining  of  the 
threads,  or  the  use  of  two  threaded 
pieces  as  a differential  thread  for 
the  plunger  movement,  making  one 
26  and  one  28  threads  per  inch,  and 
making  one  left-handed  and  one 


right-handed.  In  large  threads  of 
this  type,  a tighter  fit  is  allowable, 
and  turning  one  turn  on  each  will 
provide  a net  plunger  movement, 
axially,  of  0.03846  minus  0.03571  or 
0.00275  inch,  as  compared  with 
0.01563  inch  per  turn  on  64  turns 
per  inch.  This  complicates  calibra- 
tion somewhat,  but  the  improve- 
ment of  accuracy  by  a factor  of  five 
would  be  highly  desirable,  and 
would  bring  the  percentage  error 
below  0.01  percent,  suitable  for  use 
with  class  A Citizens  Band  equip- 
ment, required  to  be  within  =fc0.02 
percent. 


Table  I — Calculated  Values 


/ in  me 

tan  2.66  X 
10-3  f 

502/ 

(X  1012) 

^10 

(X  1012) 

C in  mmI 

d in  inches 

rfi 

450 

2.55 

0.2259 

0.576 

1.735 

0.0771 

0.171 

460 

2.77 

0.2309 

0.640 

1.563 

0.0858 

0.219 

470 

3.105 

0.2359 

0.711 

1.406 

0.0954 

0.294 

480 

3.312 

0.2410 

0.798 

1.254 

0.107 

0.441 

490 

3.664 

0.2460 

0.901 

1.110 

0.1209 

0.839 

500 

4.087 

0.2510 

1.026 

0.975 

0.1375 

Interferometer  for  Microwaves 


Development  of  a modified  Michel- 
son  type  interferometer  for  use  in 
the  microwave  region  was  described 
by  Bela  A,  Lengyel  of  Naval  Re- 
search Laboratory  at  the  1949  IRE 
National  Convention  in  New  York 
City.  The  basic  feature  of  the  in- 
strument is  that  it  compares  phase 
and  amplitude  of  an  approximately 
plane  wave  with  that  of  a reference 
signal. 

Principal  applications  include 
precision  wavelength  measure- 
ments, the  measurement  of  dielec- 
tric constant  and  attenuation  in  di- 
electric materials  available  in  the 
form  of  uniform  sheets  and  the 
study  of  phase  delay  and  reflections 
in  the  parallel-plate  or  metal-loaded 
media. 

As  shown  in  Fig.  1,  the  half- 
silvered  mirror  of  the  optical  in- 
strument is  replaced  by  a plastic 
sheet  O on  which  conducting  dots 


have  been  sprayed.  A part  of  the 
incident  radiation  is  transmitted 
through  O into  horn  H2.  It  is  then 
united  with  a signal  from  the  trans- 
mitter led  through  a waveguide  and 
a variable  attenuator.  The  signals 
are  fed  into  opposite  branches  of  a 
magic  tee,  one  of  the  remaining 
arms  being  connected  to  the  de- 
tector, the  other  to  a matched  load. 

The  silvered  brass  plate  M serv- 
ing as  the  movable  mirror  is 
mounted  on  a lathe  bed  and  is  con- 
strained to  move  in  the  direction  of 
its  normal.  Its  displacement  is 
measured  with  a micrometer  or  a 
dial  indicator  gage  mounted  on  the 
lathe  bed. 

Wavelength  Measurements 

The  simplest  and  most  useful  ap- 
plication of  the  interferometer  is  to 
the  measurement  of  wavelengths  in 
the  3-cm  band  and  shorter.  As  re- 


flector M is  moved,  maxima  and 


FIXED  MIRROR  (PLASTIC  MOVABLE  MIRROR  M 
SHEET  WITH  SPRAYED  (SILVERED  BRASS 

■CONDUCTING  DOTS)  PLATE  30  CM  SQUARE) 


FIG.  1 — Block  diagram  of  modified  Michel- 
son  interferometer  for  microwaye  measure- 
ments 


minima  alternate  in  the  detector, 
the  distance  of  adjacent  minima 
corresponding  to  a reflector  dis- 
placecent  of  X/2.  An  accuracy  in 
the  determination  of  X of  0.0001  cm 
can  be  achieved  easily  in  the  3-cm 
band. 


MICROWAVES 
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Dielectric  Constant  Measurements 

The  interferometer  is  well  suited 
to  the  rapid  determination  of  the 
dielectric  constant  (specific  induc- 
tive capacity)  of  materials  available 
in  large,  reasonably  uniform  sheets 
that  are  only  moderately  reflecting 
and  absorbing. 

The  amplitudes  in  the  two 
branches  of  the  interferometer  are 
first  equalized  by  adjustment  of  the 
attenuator  for  the  highest  standing 
wave  ratio,  then  the  position  of  M 
for  a minimum  signal  in  the  re- 
ceiver is  obtained.  Next  the  dielec- 
tric sheet  is  introduced  at  and 
the  displacement  of  M (toward  0) 
required  to  restore  a minimum  is 
noted.  This  displacement  is  a meas- 
ure of  the  phase  delay  caused  by  the 
introduction  of  the  dielectric  she'et 
in  the  path  of  the  rays,  and  can  be 
used  for  computation  of  the  dielec- 
tric constant  k.  As  in  optics,  it  is 
advantageous  to  use  n = /c“®.  Let 
the  shift  of  the  minimum  position 
be  A/2.  This  means  a shortening 
of  the  path  by  A.  When  the  multi- 
ple reflections  within  the  sample  are 
neglected,  the  change  in  path  length 
caused  by  the  introduction  at 


normal  incidence  of  a sheet  of  thick- 
ness d and  index  of  refraction  n is 
(n  —1)  d,  hence  w = 1 + A/rf. 

When  n>1.5,  the  multiple  reflec- 
tions between  the  two  faces  of  the 
sheet  are  no  longer  inconsequential 
and  the  value  of  n will  be  in  error 
unless  the  sheet  happens  to  have  a 
thickness  which  is  an  integral  mul- 
tiple of  the  quarter  wavelength  in 
the  sheet. 

Highly  Reflecting  Materials 

When  the  material  to  be  meas- 
ured is  highly  reflecting  it  is  prac- 
tical to  employ  the  interferometer 
as  the  free  space  analog  of  the  von 
Hippel  shorted-line  instrument.  The 
dielectric  sheet  is  then  placed  at  Z>2. 
Again  the  shift  of  the  position  for 
minimum  is  observed.  In  this  man- 
ner it  is  possible  to  calculate  the 
distance  of  the  first  minimum  of 
the  electric  field  from  the  face  of 
the  dielectric  sheet.  Von  Hippel’s 
method  requires  this  distance  Xo 
and  m,  the  amplitude  standing  wave 
ratio,  for  the  calculation  of  the 
complex  propagation  constant  in 
the  sheet.  On  the  interferometer 
m is  determined  by  moving  the 
sample  sheet  and  the  metal  mirror 


and  keeping  the  detector  fixed. 

While  a power  standing  wave 
ratio  of  10®  is  easily  obtained  in  an 
empty  guide  or  coaxial  line,  such  is 
not  the  case  for  the  interferometer. 
This  fact  limits  the  application  of 
von  Hippel’s  general  method  to  the 
case  of  highly  absorbent  sheets. 

Finally,  the  interferometer  is  a 
useful  instrument  for  measure- 
ments of  parallel  plate  media  of 
nominal  dielectric  constant  less 
than  one,  and  of  loaded  or  synthetic 
dielectric  materials  intended  for  mi- 
crowave lenses.  These  media  can- 
not be  placed  in  a guide;  all  meas- 
urements must  be  performed  in  free 
space. 

Limitations  of  Instrument 

The  limitations  of  the  microwave 
interferometer  are  inherent  in  the 
transmitting  and  receiving  anten- 
nas, which  are  not  reflectionless  and 
which  do  not  produce  a narrow 
beam  such  as  is  commonly  available 
in  optics.  Diffraction  and  scatter- 
ing become  the  factors  that  limit 
the  performance  of  the  instrument. 
Another  limiting  factor  is  the  pres- 
ence of  unwanted  reflections. 
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Overtone  Crystal  Oscillator  Design 

Quartz  crystals  can  be  made  to  operate  directly  on  odd  overtones  up  to  150  me,  with  high 
power  output  and  better  stability  than  crystal  would  normally  have  at  its  fundamental. 
Technique  involves  shunting  crystal  with  proper  value  of  inductance  and  tuning  plate 

tank  for  the  desired  overtone  frequency 


By  GEORGE  M.  LISTER 


The  increasing  use  of  frequen- 
cies above  30  me  for  limited- 
range  communication  and  control 
purposes  means  that  closely  spaced 
channels  are  needed  to  provide  for 
the  many  services  that  would  like 
to  use  these  frequencies.  This  close 
spacing,  at  least  at  the  present 
state  of  the  art,  requires  crystal 
control  to  provide  the  required  car- 
rier frequency  stability. 

Crystals  can  be  ground  to  oper- 
ate on  fundamental  frequencies  as 
high  as  30  me.  The  Bureau  of 
Standards  has,  in  fact,  processed 
crystals  to  100  me,  but  their  com- 
mercial manufacture  is  probable 
only  at  some  much  later  date. 
Making  crystals  physically  thinner 
presents  so  many  problems  that 
some  other  means  was  sought  for 
producing  high  frequencies  directly 
from  low-frequency  crystals. 

The  goal  was  to  find  a circuit 
operating  technique  that  in  effect 
would  slice  a crystal  electrically 
into  the  desired  thinner  plates,  so 
that  thick  crystals  could  be  made 
to  vibrate  with  adequate  power 
output  at  values  much  higher  than 
their  fundamental  frequency.  The 
development  to  be  described 
achieves  this  goal  by  utilizing  in  a 
unique  way  the  presence  of  over- 
tone activity  in  certain  types  of 
quartz  crystals.  Overtone  activity, 
to  be  described,  should  not  be  con- 


fused with  operation  as  a frequency 
multiplier,  wherein  the  plate  tank 
is  tuned  to  a harmonic  of  the  fun- 
damental. 

Nature  of  Oyeriones 

Many  crystals,  particularly  BT 
and  AT  cuts,  exhibit  strong  over- 
tone activity  wherein  the  crystal 
appears  to  consist  of  layers  of  ac- 
tive material  operating  in  shear 
modes,  with  opposite  outside  faces 
going  in  opposite  directions  as 
shown  in  exaggerated  form  in  Fig. 
1.  For  the  third  overtone  the 
crystal  acts  as  if  it  had  three  equal 
layers;  for  the  fifth,  five  layers; 
for  the  nth  overtone,  n layers, 
where  n is  always  an  odd  number. 
The  thickness  of  each  vibrating 
layer  is  approximately  1/nth  the 
thickness  of  the  crystal  at  its  fun- 
damental. 


Overtone  crystals  (improperly 
called  harmonic  crystals)  have  been 
on  the  market  for  some  time,  but 
most  of  these  utilize  the  third  over- 
tone (generally  around  30  me)  be- 
cause higher-order  overtones  could 
not  be  developed  by  conventional 
circuitry.  Investigation  showed, 
however,  that  almost  all  carefully 
processed  AT  or  BT7Cut  crystals 
exhibit  activity  on  higher  overtones 
such  as  the  5th,  7th,  9th,  11th  and 
13th.  Many  crystals  even  show  ac- 
tivity at  the  23rd  overtone  and  a 
few  have  actually  indicated  activity 
on  the  29th  overtone,  which  for  a 
10-mc  crystal  would  be  around  290 
me. 

The  overtone  frequency  of  a 
crystal  is  not  an  exact  multiple,  or 
harmonic,  of  the  fundamental. 
Harmonics  can  only  be  obtained 
electrically,  whereas  crystal  over- 


ADVANTAGES  OF  OVERTONE  CRYSTAL  OSCILLATORS 

Direct  crystal  control  up  to  150  me  with  10-mc  or  lower-frequency  crystals 
Overtone  frequency  is  only  frequency  present  in  circuit,  hence  no  spurious  radia- 
tion 

Direct  frequency  modulation  is  possible  and  practical,  including  carrier-fre- 
quency shift  by  d-c  for  keying  or  telemetering 
Temperature-frequency  stability  better  than  crystal  itself 
Excellent  voltage-frequency  stability  even  up  to  70  volts  plate  voltage  change 
Vibration  and  severe  jarring  do  not  affect  frequency 

Higher  efficiency  and  much  smaller  vhf  and  uhf  equipments,  reducing  battery 
drain  and  weight  of  mobile  units 
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• Example  of  460-mc  mobile  unit  delivers  22  watts  frequency- 
modulated  output  at  468.72  me  with  ±10-kc  carrier  stability. 
Total  current  drain  from  6-volt  battery  is  10  amp  for  receiver 
and  31  amp  for  transmitter.  Total  weight  is  43  lb 

• Transmitter  crystal  with  fundamental  of  approximately  8.68 
me  operates  directly  on  78.12  me,  which  is  9th  overtone.  Re- 
actance modulator  for  oscillator  is  driven  by  single  a-f  stage. 
Following  crystal  is  low-power  neutralized  6C4  isolating 
amplifier  ond  832A  tripler  stage  with  long-line  plate  tank 
coupled  by  balun  to  4-150A  final  stage  operating  as  doubler 
in  cavity  with  550  volts  at  90  me.  Deviation  is  ±25  kc,  with 
automatic  deviation  control.  Audio  fidelity  is  within  2 db  from 
60  to  10,000  cps 

• Overtone  crystal  oscillator  in  receiver  operates  at  76.46  me 
and  is  followed  by  6AK5  six-times  multiplier  to  get  omple  in- 
jection voltage  for  mixer.  Grounded-grid  amplifier  stage  pre- 
cedes mixer;  following  it  are  three  10-mc  i-f  stages,  limiter, 
discriminator,  squelch  circuit  and  final  audio  stage  delivering 
0.8  watt  output.  Sensitivity  is  better  than  1 microvolt  for 
complete  limiting 


tones  are  the  result  of  pure  me- 
chanical vibration.  The  frequen- 
cies of  overtones  approach  corres- 
ponding harmonic  values  but  are 
either  higher  or  lower  by  an  un- 
predictable amount.  For  this  rea- 
son, overtone  crystals  are  ground 
to  the  desired  overtone  frequency 
and  marked  with  that  value,  the 
fundamental  being  ignored. 

An  analogy  is  the  string  of  a 
piano,  which  vibrates  over  its  en- 
tire length  to  produce  the  funda- 
mental note  and  over  shorter 
lengths  to  produce  overtones.  The 
frequencies  of  these  musical  over- 
tones are  close  to  corresponding 
harmonic  values  but  not  equal  to 
them,  as  any  musician  will  testify. 

It  should  also  be  pointed  out  that 
a crystal  will  vibrate  at  only  one 
overtone  at  a time.  The  overtone 
at  which  it  vibrates  depends  on  the 
resonant  frequency  of  the  circuit  of 
which  the  crystal  is  a part. 

Overtone  crystals  are  ordered  to 
an  exact  frequency,  which  is  the 
frequency  at  which  the  electrical 
reactances  of  the  crystal  are  equal 


FIG.  1 — ^How  an  owertone  crTitoI 
works.  The  crystal  acts  os  ii  electri- 
cally sliced  into  odd  niunber  of  layers 


and  opposite  and  thus  cancel.  This 
frequency  value  is  the  true  over- 
tone value  of  the  crystal  alone, 
without  holder  or  circuit.  The  cir- 
cuits referred  to  operate  at  fre- 
quencies slightly  removed  from  this 


FIG.  2 — Conventional  crystal  oscillator 
circuit,  drown  to  emphoslze  the  Impor- 
tant elements  affecting  crystal  operertion 


series  resonance  value. 

Oscfllcrtor  Circuit  Analysis 

A study  of  existing  circuits  was 
made  to  determine  why  crystals  ex- 
hibiting higher-order  overtone  pos- 
sibilities would  not  perform  on 
these  overtones  in  conventional 
circuits.  The  conventional  crystal 
oscillator  circuit  of  Fig.  2 contains 
all  of  the  important  elements  af- 
fecting the  operation  of  a crystal. 
Typical  equivalent  values  for  a 10- 
mc  crystal  having  a Q of  160,000 
are  L = 0.02633  h,  C = 0.01  /if  and 
.B  = 10  ohms.  A typical  value  for 
Ct,  the  sum  of  Ci,  Ca,  C.  and  Ct, 
is  35  /i/if. 

The  curves  in  Fig.  3 correspond 
to  conventional  operation  of  a 
quartz  crystal  at  its  fundamental 
frequency.  The  reactances  of  L 
and  C vary  with  frequency  in  the 
manner  shown  in  Fig.  3A,  giving 
the  curve  of  Xt  as  the  algebraic 
sum  of  the  reactances  of  the  crystal. 

The  susceptance  of  crystal  re- 
actance Xt  is  shown  in  Fig.  3B. 
When  added  to  the  susceptance  of 
the  shunt  capacitance  Ct  existing 
across  the  crystal  terminals,  curve 
Yt  is  obtained.  The  reactance 
curye  of  this  total  crystal  circuit 
susceptance  is  given  in  Fig.  3C. 
This  curve  indicates  that  a crystal 
used  in  a conventional  circuit  will 


FIG.  3 — Reactance  and  susceptance  curves  for  standard  crystal  circuit 
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operate  as  a parallel  resonant  cir- 
cuit at  an  antiresonant  frequency 
/i.  At  this  frequency  the  total 
susceptance  Yt  in  Fig.  3B  is  prac- 
tically zero  and  the  total  reactance 
approaches  infinity.  This  value  /i 
is  the  fundamental  frequency  value 
stamped  on  the  crystal  holder,  and 
represents  the  crystal  in  its  usual 
circuit,  not  the  crystal  alone. 

The  fundamental  crystal  oscil- 
lator frequency  /i  is  only  slightly 
higher  than  the  resonant  frequency 
/ of  the  crystal  itself  without 
holder  or  circuit.  Due  to  the  large 
ratio  between  Ct  and  C,  slight 
changes  in  Ct  have  but  a small  ef- 
fect on  the  oscillator  frequency  /i, 
hence  the  conventional  oscillator 
circuit  has  good  frequency  stabil- 
ity. 

Now  suppose  that  we  add  capaci- 
tance across  the  crystal.  This 
causes  the  curve  for  Y of  Ct  in 
Fig.  3B  to  rise  higher,  so  that  Yt 
crosses  the  X axis  at  a lower  fre- 
quency and  thereby  makes  /i  ap- 
proach /.  Adding  to  Ct  thus  low- 
ers the  fundamental  frequency  of 
the  crystal  oscillator  circuit 
slightly.  This  characteristic  is 
widely  used  by  engineers  of  radio 
and  television  stations  for  adjust- 
ing their  carriers  exactly  to  the 
assigned  frequency.  However,  add- 
ing to  Ct  causes  the  impedance  of 
the  tuned  grid  circuit  (comprising 
the  crystal  and  circuit  capacitance) 
to  decrease.  The  result  is  lowered 
output,  and  added  capacitance  thus 
produces  only  a small  frequency 
change  while  at  the  same  time  re- 
ducing output  considerably  in  a 
conventional  crystal  circuit. 

This  brief  review  of  crystal  oscil- 
lator theory  sets  the  stage  for  an 
explanation  of  how  a crystal  can 
be  made  to  operate  directly  on  an 
overtone  in  essentially  this  same 
circuit. 

Overtone  Operation 

If  a 10-mc  crystal  is  used  in  the 
circuit  of  Fig.  2 as  before  but  the 
plate  circuit  is  tuned  to  approxi- 
mately 30  me,  the  value  of  Cr  re- 
mains about  the  same  as  before, 
but  the  equivalent  C of  the  crystal 
becomes  approximately  one-third 


of  what  it  was  at  the  fundamental. 
The  equivalent  L of  the  crystal  is 
likewise  reduced  to  approximately 
one-third.  The  ratio  of  Ct  to  C now 
is  approximately  three  times  that 
of  the  circuit  at  the  fundamental, 
just  as  if  we  added  capacitance  to 
Ct  at  the  fundamental. 

Referring  back  to  the  values  of 
the  example,  tuning  the  plate  to 
approximately  30  me  so  the  crystal 
operates  on  its  third  overtone  has 
the  effect  of  adding  capacitance  of 
about  3 X 35  /xju,f  across  the  crystal 
at  the  fundamental.  The  result  is 
that  the  10-mc  crystal  operates  on 
its  third  overtone  just  as  though  it 


were  a 30-mc  crystal,  except  that 
now  we  have  a low-impedance  grid 
circuit  and  greatly  reduced  output. 

When  the  plate  circuit  is  tuned 
to  the  5th  overtone  (about  50  me 
in  this  example),  the  value  of  Ct 
again  remains  essentially  the  same 
as  at  the  fundamental  but  C drops 
to  about  one-fifth  of  what  it  was 
at  the  fundamental.  As  a result 
the  ratio  of  Ct  to  C goes  up  still 
more,  the  grid  circuit  impedance 
gets  still  lower,  and  power  output 
drops  practically  to  zero.  Above 
the  fifth  overtone,  the  circuit  will 
not  oscillate  at  all. 
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FIG.  4 — Reactance  and  susceptance  curves  for  overtone  crystal  oscillator  operotion. 
These  curves  are  drawn  for  a crystal  operating  as  on  equivalent  inductance.  Similar 
curves  may  be  drawn  for  the  capacitive  crystal 


FIG.  5 — Characteristics  of  typical  crystal  operated  on  overtones  through  13th  in 
circuit  using  6T6  with  150  volts  on  plate 
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Overtone  Circuit  Requirement 

An  oscillator  circuit  that  will 
permit  crystals  to  operate  on  high- 
order  overtones  must  have  a high 
grid-circuit  impedance.  One  way 
of  achieving  this  impedance  is  to 
utilize  the  ability  of  a piezoelectric 
crystal  to  appear  as  a capacitive 
impedance  when  energized  at  a fre- 
quency below  the  series  resonant 
frequency  of  the  crystal  L and  C. 


The  crystal  can  then  combine  with 
an  input  circuit  that  is  inductive 
to  form  an  antiresonant  grid  cir- 
cuit having  high  impedance  as  de- 
sired. 

To  make  the  input  circuit  appear 
inductive,  the  normal  circuit  ca- 
pacitance Ct  is  shunted  with  an 
inductance  of  such  value  that  the 
combination  of  the  two  appears  as 
a high-value  inductance  at  the  oper- 
ating frequency  of  the  crystal. 

The  curves  in  Fig.  4 show  how 
addition  of  shunt  inductance  Ls  af- 
fects the  susceptance  and  reactance 
of  the  crystal  oscillator  circuit  of 
Fig.  3.  The  total  susceptance  Yt 
of  the  grid  circuit  is  added  to 
susceptance  Ym  of  the  new  shunt 
inductive  reactance  to  get  curves 
Yti  for  the  combination.  The  re- 
sulting reciprocal  curves  (Xl  of 
Yn)  in  Fig.  4B  are  the  reactances 
of  the  combined  input  circuit  with- 


out taking  into  account  the  values 
of  resistance  in  the  circuit.  The 
curves  indicate  that  two  antireson- 
ant frequencies  are  possible,  fz  be- 
ing above  and  being  below  the 
series  resonant  frequency  f of  the 
crystal  at  the  overtone  selected. 

Actually,  only  fa  is  obtained  in  prac- 
tice, because  at  that  frequency  the 
grid  circuit  has  maximum  imped- 
ance. The  curves  are  intended  to 


show  only  a method  of  obtaining  a 
high  grid  circuit  impedance  (X^  of 
Fn)  at  operating  frequency  fa, 
hence  are  not  drawn  to  scale. 

An  overtone  crystal  is  operated 
in  the  capacitive  condition  rather 
than  in  the  inductive  condition  as 
is  usual  practice  at  low  frequencies, 
for  one  important  reason.  AT  or 
BT-cut  crystals  when  flat  or  convex. 


FIG.  7 — ^Variation  of  freciuency  with 
temperature  for  9th  overtone  at  77  me, 
for  typical  overtone  crystal  operated 
7.5  kc  below  series  resonant  frequency 
to  permit  frequency  modulation 


as  are  most  crystals,  have  spurious 
modes  or  activity  points  above  the 
natural  frequency  of  the  crystal. 
This  often  results  in  erratic  opera- 
tion when  the  circuit  is  operated  at 
crystal  overtones  in  the  inductive 
crystal  condition.  By  deliberately 
choosing  the  capacitive  crystal  con- 
dition, operation  is  below  the 
natural  frequency  of  the  crystal  (or 
below  the  corresponding  value  for 
overtones)  and  spurious-mode  oper- 
ation is  almost  impossible. 

Overtone  Oscillator  Data 

The  curves  in  Fig.  5 show  the 
characteristics  of  an  overtone 
crystal  calibrated,  ground  and  fin- 
ished to  operate  on  its  9th  overtone 
at  76.339,060  me.  The  exact  fre- 
quencies of  this  crystal  operating 
at  its  many  other  overtones  are 
tabulated,  along  with  the  differ- 
ences between  these  overtones  and 
the  multiples  or  harmonics  of  the 
8.478,094-mc  fundamental  crystal 
frequency. 

The  amount  of  inductive  react- 
ance needed  to  provide  operation 
at  the  many  overtones  of  this 
crystal  when  in  the  capacitive  con- 
dition is  also  shown,  along  with 
the  power  output  and  efficiency  of 
a test  oscillator  at  each  overtone. 
The  plate  tank  circuit  in  all  cases 
was  inductively  coupled  to  a Bird 
Termaline  wattmeter  for  power 
measurement.  Wherever  possible 
the  plate  power  input  to  the  test 
oscillator  was  kept  constant  at  the 
different  overtones. 

The  results  shown  in  Fig.  5 in- 
dicate that  an  overtone  crystal  can 
meet  all  of  the  requirements  of  a 
crystal  oscillator  of  the  power  type 
up  to  the  11th  mode.  Such  a 
crystal  is  satisfactory  up  to  the 
15th  mode  for  a receiver  local  oscil- 
lator since  such  an  oscillator  has 
lower  power  requirements. 

The  overtone  values  of  a crystal 
are  not  always  fixed.  Those  given 
are  for  optimum  operating  condi- 
tions, but  can  easily  be  shifted  to 
slightly  higher  values  or  consider- 
ably lower  values  by  changing  the 
value  of  shunt  inductance  La  with 
a slug  or  other  means.  A study  of 
the  frequency  characteristics  at  one 


FIG.  6 — Frequency  characteristic  at  7th  overtone  (59.295,705  me)  of  quartz  crystal 
having  natural  frequency  of  8.478,094  me,  operating  in  616  circuit 
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overtone,  the  7th,  is  shown  in  Fig. 
6.  The  nominal  or  optimum  over- 
tone value  is  approximately  in  the 
middle  of  the  vertical  portion  of 
the  curve,  corresponding  to  about 
0.23  fih  for  Lo.  Decreasing  L?  from 
this  value  lowers  the  output  but  in- 
creases the  frequency  only  a little. 

Increasing  Lg  has  a similarly 
negligible  effect  on  frequency  up  to 
the  knee  of  the  curve,  but  further 
increases  in  Lg  then  make  the  over- 
tone frequency  decrease  appreci- 
ably. The  relation  is  quite  linear, 
hence  frequency  modulation  be- 
comes a simple  matter. 

It  should  be  pointed  out  that  Lg 
can  be  a fixed  inductance  smaller 
than  needed,  shunted  by  a trimmer 
capacitor  that  is  used  for  adjusting 
the  operating  frequency  near  the 
selected  overtone. 

Frequency  Modulation 

To  produce  frequency  modula- 
tion, Lg  is  set  to  a value  in  the 
linear  range  such  as  at  X,  and  a 
reactance  tube  or  other  variable  re- 
actance is  connected  across  Lg  to 
sweep  its  inductive  reactance  above 
and  below  the  value  for  point  X. 
Crystal  frequency  follows  the  varia- 
tions in  the  reactance,  giving  the 
desired  frequency  modulation. 
Point  X is  here  about  7.5  kc  below 
the  nominal  overtone  value,  but  the 
frequency  excursion  would  be 
limited  to  about  ±5  kc  in  order  to 
stay  off  the  knee  of  the  curve.  In 
a uhf  or  vhf  f-m  transmitter,  multi- 
plier stages  following  the  overtone 
oscillator  would  multiply  this  6-kc 
deviation  of  the  oscillator.  Point 
X is  still  a stable  crystal  frequency 
but  one  that  can  be  caused  to 
change  because  the  magnitude  of 
change  needed  is  not  too  great. 

Greater  frequency  deviations 
could  be  obtained  by  moving  point 
X further  away  from  the  knee  of 
the  curve,  but  circuit  stability  is 
then  sacrificed.  For  this  reason, 
overtone  oscillators  in  f-m  trans- 
mitters use  relatively  small  crystal 
frequency  swings  and  rely  on  fre- 
quency multipliers  to  provide  the 
required  deviation  at  the  final  car- 
rier value. 

A “tight”  overtone  crystal  oscil- 


lator is  defined  as  one  that  is  oper- 
ating over  the  nearly  vertical  por- 
tion of  the  curve  of  Fig.  6.  Opera- 
tion at  other  points  on  the  curve 
is  described  as  “loose,”  permitting 
adjustment  of  the  output  frequency 
or  frequency  modulation. 

Stability 

In  the  tight  positions  the  tem- 
perature-vs-frequency  stability  of 
the  overall  circuit  essentially  is 
that  of  the  crystal.  However,  in 
almost  all  loose  positions  the  out- 


put frequency  can  be  corrected  by 
proper  choice  of  temperature  co- 
efficients for  components  to  result 
in  an  overall  temperature-vs-fre- 
quency  stability  that  is  consider- 
ably better  than  that  of  the  crystal 
itself.  This  is  illustrated  in  Fig. 
7 ; the  entire  curve  is  below  the  co- 
efficient of  the  crystal  itself,  which 
is  approximately  1.0  part  per  mil- 
lion per  degree  C. 

Voltage  stability  of  a typical 
overtone  crystal  oscillator  operat- 
ing at  the  9th  overtone  at  77  me  is 
illustrated  in  Fig.  8.  Even  for  the 
total  70-volt  plate-voltage  change 
represented  by  the  entire  curve, 
voltage  stability  is  excellent  with 
circuit  component  values  shown. 

Since  the  crystal  frequency  can 
be  caused  to  change,  a deliberate 
change  by  some  element  such  as 


the  plate  bypass  capacitor  can,  if 
that  element  is  of  the  proper  co- 
efficient and  size,  correct  the  entire 
circuit  for  effects  of  temperature 
variations.  Overtone  crystal  cir- 
cuits have  been  produced  which  will 
maintain  the  frequency  to  better 
than  one  part  per  million  over  a 
temperature  range  of  0 to  185  F, 
which  is  many  times  better  thah  the 
crystal  itself  in  normal  circuitry. 

F-M  Version 

A study  of  Fig.  6 shows  that  if 


the  circuit  is  frequency-modulated, 
large  excursions  of  the  variable  re- 
actance can  cause  the  crystal  to 
stop  oscillating  at  either  extreme 
of  the  change.  If  Lg  is  reduced 
below  a certain  critical  value 
(about  0.215  /x.h  in  this  case),  the 
circuit  stops  oscillating.  If  Lg  is 
increased  above  another  critical 
value,  the  circuit  goes  into  erratic 
self-oscillation.  With  further  in- 
creases in  Lg,  the  circuit  will 
change  over  to  a tsrpe  of  oscillation 
in  which  the  crystal  appears  as  an 
equivalent  inductance,  represented 
by  the  curve  at  the  upper  right. 
With  still  further  increases,  above 
about  0.27  fxh,  the  circuit  ceases 
oscillation. 

A form  of  automatic  deviation 
control  becomes  necessary  to  main- 
tain assigned  channel  bandwidth 


PLATE  voltage  in  VOLTS 


FIG.  8 — Overtone  crystol  oscillator  constructed  as  plu9-in  unit.  Overtone  frequency 
is  77.00  mc<  which  is  9th  overtone  of  crystal  having  fundamental  of  opproxfanotely 
8.55  me.  Power  Inpnt  is  1.8  watts  and  power  output  0.3  watt  for  150-volt  plate 
supply.  Curve  shows  stability  of  output  frequency  over  70-volt  voriation  of  plote 
voltage  provided  by  external  power  supply 
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and  to  make  impossible  the  stop- 
ping of  the  oscillator  with  excessive 
amplitudes  of  the  modulating  volt- 
age. Figure  9A  shows  a typical 
reactance  modulator  used  with  an 
overtone  crystal  oscillator,  while 
Fig.  9B  shows  the  resultant  in- 
jected capacitance  Ci  of  the  modu- 
lator circuit.  Slight  modifications 
in  the  circuit  result  in  the  Ci/Eg 
curve  shown  in  Fig.  9C.  By  oper- 
ating such  a revised  circuit  at  point 
X with  no  modulating  voltage  ap- 
plied, and  coupling  that  modulator 
through  fixed-capacitor  C of  a value 
substantially  equal  to  Ci  at  point  X, 
the  resultant  Ci  at  the  crystal  ap- 
pears as  in  Fig.  9D.  The  value  of 
Ci  then  can  vary  between  two 
limits,  one  of  which  is  zero  and 
the  other  the  value  of  C.  Such  a 
simple  automatic  deviation  control 
circuit  holds  the  frequency  excur- 
sion to  definite  limits.  Even  the 
failure  of  the  modulator  tube  can 
only  cause  frequency  changes  that 
are  within  the  channel  assigned. 

Crystal  Heating 

At  the  frequencies  under  con- 
sideration (70  to  110  me,  corres- 
ponding to  the  7th,  9th  or  11th 
overtone  of  a 10-mc  crystal),  the 
usual  grid-to-plate  capacitance  of 
small  triodes  such  as  the  6C4  and 
6J6  provides  feedback  that  can  be 
excessive.  The  rapid  change  in 
frequency  which  often  occurs  in  the 
first  few  seconds  after  starting  a 
crystal  oscillator  usually  is  the  re- 
sult of  heating  of  the  crystal  due 
to  excessive  feedback  and  resultant 
high  r-f  voltage  across  the  crystal 
electrodes. 

In  all  antiresonant  circuits  the 
crystal  is  a capacitance  with  the 
quartz  as  a dielectric.  Excessive 
r-f  voltage  across  this  capacitance 
will  cause  undue  heating  of  the 
crystal  which  the  holder  cannot  dis- 
sipate. The  feedback  should  there- 
fore be  controlled  to  a point  where 
only  enough  excitation  is  provided 
to  permit  satisfactory  output  from 
the  circuit. 

The  use  of  a pentode  or  similar 
tube  with  properly  adjusted  feed- 
back results  in  highly  stable  cir- 
cuits with  little  crystal  heating. 


Feedback  adjustment  is  experi- 
mentally determined  and  subse- 
quent production  of  oscillators  for 
any  given  overtone  of  operation 
simply  provides  a fixed  spacing  and 
form  factors  of  grid  and  plate  coils. 

Since  an  overtone  crystal  oper- 
ates directly  on  its  overtone  value, 
with  no  output  at  the  fundamental, 
sideband  problems  are  practically 


nonexistent.  For  example,  if  a 
crystal  is  operated  on  its  9th  over- 
tone at  90  me  and  fed  to  a doubler 
and  tripler  to  get  540  me,  the  low- 
est undesired  component  that  can 
produce  sidebands  at  540  me  is  90 
me.  This  is  too  far  off  from  the 
carrier  to  be  of  any  consequence  in 
properly  designed  circuits. 

With  conventional  frequency 
multiplication  to  540  me  from  a 
10-mc  fundamental,  sidebands  re- 
moved from  the  carrier  frequency 
by  a value  equal  to  the  fundamental 
or  double  or  triple  the  fundamental 
value  are  present  in  the  output  of 
the  final  stage.  Frequency  multi- 
plication from  a fundamental  in 
both  transmitters  and  receivers  is 
thus  a serious  deterrent  to  close 
spacing  of  uhf  channels. 

Conclusions 

Equipment  using  circuits  meet- 
ing all  of  the  requirements  for  both 
transmitting  oscillators  and  local 


oscillators  of  receivers  has  been 
in  operation  over  18  months.  Per- 
formance during  that  time  has  been 
entirely  satisfactory  for  mobile  and 
fixed  station  uses.  Fixed  stations 
in  extremely  unfavorable  locations, 
such  as  on  oil  drilling  rigs,  have 
proven  the  circuits  to  be  stable, 
efficient  and  adequate  for  all  pur- 
poses investigated.  The  circuits 


operate  at  conservative  values  of 
plate  voltage,  plate  current  and 
plate  dissipation,  so  that  long  and 
stable  tube  life  can  be  expected. 

The  audio  quality  resulting  from 
the  frequency-modulated  oscillators 
is  exceptionally  good  and  ap- 
proaches that  obtained  by  f-m 
broadcasters.  It  is  dependent  only 
on  the  small  speech  amplifier  used 
ahead  of  the  modulator  and  the 
point  on  the  curve  chosen  to  oper- 
ate the  crystal.  Actually,  the 
crystal  may  be  modulated  with  d-c 
applied  to  the  modulator  grid, 
which  causes  instantaneous  fre- 
quency shift  in  a direction  depend- 
ing on  the  polarity  of  the  modulat- 
ing voltage.  The  amount  of  the 
shift  is  determined  by  the  limiting 
values  in  the  circuit  and  the  ampli- 
tude of  the  modulating  voltage. 

For  cooperation  in  developing 
and  testing  the  crystal  overtone 
oscillators  described  here  and  for 
work  leading  to  patent  applications, 


reactance  modulator  overtone  crystal  oscillator 


FIG.  9 — ^Frequency-modulated  crystal  oscillator  using  orertone  crystoL  and  c^es 
showing  injected  copadlance  proTided  by  reactance  modulator  under  recrious 

conditions 
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Wide-Range  R-C  Oscillator 

A simple  resistance-capacitance  oscillator  with  good  waveform  and  constant  output  uses 
two  tubes  to  produce  15  volts  rms  output.  It  covers  the  frequency  range  from  20  cycles 

to  2 megacycles  in  five  decade  ranges 


Resistance-capacitance  oscil- 
lators have  seen  wide  use  in 
the  laboratory  and  elsewhere  be- 
cause of  several  important  fea- 
tures, among  which  are  compact- 
ness, excellent  frequency  stability, 
and  a wide  tuning  range.  Un- 
fortunately their  application  has 
been  restricted  to  audio  and  ultra- 
sonic measurements  with  a top  fre- 
quency of  approximately  200  kilo- 
cycles. It  is  the  purpose  of  this 
paper  to  describe  a new  but  simple 
circuit  that  functions  over  the 
range  from  20  cycles  to  2 megacy- 
cles with  good  waveform  and  con- 
stant output. 

In  developing  the  new  oscillator, 
the  limitations  of  previous  types 
were  considered.  The  firsts  Fig. 
lA,  consists  of  an  amplifier  with 
two  feedback  paths;  regeneration 
occurs  at  all  frequencies,  while  the 
degenerative  loop  contains  a paral- 
lel-T  null  network.  Thus  oscilla- 
tion takes  place  at  the  null  fre- 
quency. The  principal  disadvant- 
ages are  that  three  circuit  elements 
must  be  varied  to  change  fre- 
quency, and  that  a two-stage  ampli- 
fier is  required  to  provide  proper 
phasing.  Phase  shifts  become  im- 
portant at  the  extremes  of  the  fre- 
quency range,  affecting  frequency 
calibration. 

A second  oscillator,®  Fig.  IB,  is 
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somewhat  similar  to  the  first.  How- 
ever, degeneration  is  provided  at  all 
frequencies,  while  regeneration  oc- 
curs through  a half-Wien  bridge, 
which  exhibits  a broad  maximum 
in  its  response.  Oscillation  tends 
to  occur  at  the  frequency  of  the 
maximum,  but  the  Q of  the  Wien 
circuit — about  0.3 — is  so  low  that 
phase  shifts  in  the  amplifier  will 
affect  the  frequency  calibration. 

The  phase-shift  oscillator,®  *®  one 
form  of  which  is  shown  in  Fig.  1C, 
contains  a 180-degree  network  in  a 
single  feedback  loop.  Although  it 
is  the  simplest  of  the  oscillators  de- 
scribed, functioning  with  a single 
tube,  a minimum  of  three  circuit 
elements  must  be  varied  to  change 
frequency.  Furthermore,  it  is 
found  that  an  additional  tube  is  re- 
quired to  provide  suitable  ampli- 
tude regulation,  and  that  high- 
frequency  operation  is  limited  by 
the  low  impedance  of  the  phase- 
shift  network  at  the  high  fre- 
quencies. 

Circuit  Development 

In  an  attempt  to  improve  the 
oscillator  of  Fig.  lA,  the  bridged- 
T network®  of  Fig.  2A  was  investi- 
gated. This  simple  network,  which 
has  been  used  for  the  measurement 
of  high  resistances  at  radio  fre- 
quencies, has  but  four  circuit  ele- 


ments, as  compared  with  six  for  the 
parallel-T.  Although  a true  null 
is  not  produced,  a fairly-sharp 
minimum,  accompanied  by  zero 
phase  shift,  occurs  at  wo  = 1/[C 
It  is  seen  from  Fig.  2B, 
that  the  selectivity  is  improved  by 
increasing  the  ratio  Ri/Ra.  It  can 
be  shown  that,  for  large  values  of 
R1/R2,  the  equivalent  Q of  the  net- 
work approaches  i (Ri/Ri)^.  Thus 
phase  characteristics  superior  to 
those  of  the  network  of  Fig.  IB  are 


FIG.  I — Block  diagrams  illustrating 

types  of  R-C  oscillators 
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easily  obtained,  with  consequent  re- 
duction in  the  effects  of  amplifier 
phase  shift  when  employed  in  an 
oscillator. 

A very  useful  feature  of  the 
bridged-T  is  that  a trimmer  ca- 
pacitor (shown  dotted)  placed 
across  the  vertical  arm  will  permit 
minor  adjustment  of  (Oo  where  the 
capacitances  C are  small.  There- 
fore, if  capacitive  tuning  is  used 
it  is  possible  to  adjust  the  upper 
end  of  a frequency  range  nearly 
independently  of  the  lower  end. 
This  is  helpful  when  the  circuit  is 
employed  in  an  oscillator  where  a 
single  dial  calibration  must  suffice 
for  two  or  more  decade  ranges. 

Figure  2C  is  a simplified  sche- 
matic diagram  of  the  new  oscil- 
lator, which  consists  of  an  ampli- 
fier, Vi,  driving  a cathode-follower, 
Fj.  Regeneration  is  provided  at  all 
frequencies  by  cathode-to-cathode 
feedback  through  a lamp  as  a series 
resistor,  while  the  degenerative 
loop  contains  the  bridged-T  net- 
work. Oscillation  tends  to  take 
place  at  Wo,  the  frequency  of  mini- 
mum degeneration,  while  amplitude 
stabilization  is  provided  by  the 
positive-resistance-current  charac- 
teristic of  the  lamp.  The  combina- 
tion of  amplifier  plus  cathode  fol- 
lower is  ideal  for  this  application 
because  it  provides  wide-band  oper- 
ation with  small  phase  shift  and 
low  output  impedance. 

Figure  3 is  the  schematic  dia- 
gram of  the  compact  oscillator 
illustrated.  The  frequency  range, 
20  cycles  to  2 megacycles,  is  cov- 
ered with  a small  dual  variable 
capacitor,  CjCs,  of  the  type  used  in 
broadcast  receivers.  A frequency 
ratio  of  10  to  1 is  covered  in  each 
range,  while  ranges  are  changed  by 
switching  resistors  Ri  and  R^.  The 
output  is  15  volts  rms  from  the 
cathode  of  Vo,  remaining  constant 
within  one  decibel  at  all  frequen- 
cies. Although  the  distortion  was 
not  measured,  it  is  believed  to  be 


very  low,  since  oscillation  will  stab- . 
ilize  at  an  amplitude  approximately 
one-third  of  that  at  which  clipping 
occurs. 

Certain  circuit  details  are  of  con- 
siderable importance  in  obtaining 


FIG.  2 — Bridged-T  network  (A),  its  char- 
acteristics (B),  and  simplified  schematic 
of  the  new  oscillator 


FIG.  3 — Complete  circuit  of  the  wide- 
range  oscillator  showing  component 
values  and  characteristics  for  all  ranges 


proper  operation  of  the  oscillator. 
In  making  the  initial  adjustments 
the  points  marked  A and  B were 
opened  to  permit  the  voltage  gain 


from  the  grid  of  Vi  to  the  cathode 
of  Fa  to  be  checked.  Positive  feed- 
back peaking^  is  provided  bjr  Cg, 
which  was  adjusted  for  constant 
gain  through  two  megacycles.  In 
this  manner,  good  phase  response 
is  obtained.  The  points  A and  B 
were  then  closed,  and  Rs,  which 
controls  positive  feedback,  was  set 
for  constant  output  with  low  dis- 
tortion on  all  ranges.  The  low- 
frequency  end  of  each  range  was 
set  by  trimming  Ri,  assuming  that 
Rs  had  the  indicated  value.  It  was 
found  that  the  two  low-frequency 
ranges  covered  the  dial  properly; 
however,  it  was  necessary  to  em- 
ploy Ci  to  align  the  upper  end  of 
each  of  the  high-frequency  ranges. 
Additional  switching  was  not  in- 
volved because  it  was  possible  to 
leave  a separate  trimmer  capacitor 
Ci  connected  across  each  of  the  re- 
sistors Rs. 

It  should  be  noted  that  it  is 
essential  that  the  oscillator  be  well 
shielded  to  prevent  synchronization 
with  the  line  frequency  and  sub- 
multiples thereof.  The  unit  de- 
scribed is  built  into  a cabinet  that 
also  contains  a power  supply  and 
output  amplifier. 
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Optimum  Conditions  for  an  R-C  Oscillator 

By  H.  A.  WHALE 


Resistanc e-capacitance  net- 
works of  the  type  shown  in  Fig.  1 
occur  in  many  electronic  circuits. 
The  network  is  used  in  feedback  os- 
cillators of  the  Wein  bridge  type, 
in  which  case  the  components  can 
be  proportioned  in  accordance  with 
relations  presented  in  this  discus- 
sion to  provide  optimum  frequency 
stability.  Although  these  relations 
are  derived  for  the  particular 
bridge  oscillator  under  examina- 
tion, they  are  also  valid  for  a re- 
sistance-capacitance amplifier  made 
frequency  selective  by  choice  of  cou- 
pling or  where  feedback  is  used  to 
give  an  amplifier  having  rejection 
for  a narrow  band  of  frequencies. 

Wein  Bridge  Oscillator 

In  the  common  R-C  cathode-cou- 
pled oscillator  of  the  Wein  bridge 
type\  the  components  of  the  feed- 
back network  are  proportioned  so 
that  RiCi  equals  RjCt,  under  which 
condition  the  ratio  of  output  volt- 
age Et  to  input  voltage  Ei  varies 
with  frequency  in  the  manner 


FIG.  1 — Circuit  under  consideroflon  la 
common  to  many  applicotiona 


shown  in  Fig.  2 by  curve  for  IT  = 
1 *’*.  The  frequency  selectivity  of 
this  particular  type  of  oscillator  is 
due  to  the  comparatively  rapid 
change  with  frequency  of  the  phase 
between  the  input  and  output  volt- 
ages In  the  vicinity  of  the  oscillat- 


FIQ. 2 — ^Normodlaed  mapHtnde  and  plicme 
chorcmterlatlca  of  drenit 


ing  frequency,  l/[2ic(RiR/7iC,)*'*] 
cycles  per  second. 

In  designing  such  oscillators  for 
the  greatest  frequency  stability,  the 
conditions  for  the  most  rapid 
change  of  phase  with  frequency  and 
for  the  most  sharply  peaked  | Et/Ei  | 
curve  are  required.  These  condi- 
tions can  be  found  by  replacing  Ri 
Cl,  R„  Ct  respectively  by  R/u,  vC, 
uR,  and  C/v,  in  which  case  the  os- 
cillating frequency  is  /©  = 1/2‘kRC, 
For  any  frequency  f 


_Et_  ^ v(f/fo)'+j(f/m-  (f/m 
El  (1 -(///.)*!* + y*(///o)* 
where  y = (u*  + + t^v^)/uv.  Let 

(f/fo)  = X,  then 


El 


ucx 


(2) 


4,  tan-*  (1  — »*)V*y  (3) 

For  maximum  rate  of  change  of 
phase  with  frequency,  differentiate 
^ with  respect  to  x.  Inasmuch  as 
interest  is  in  values  near  = 0 at 
which  a;  = 1 


« = (1  - »*)V»y  (4) 

therefore 


(5) 

— 2/y  (near  » =>  1) 

Because  x is  nearly  unity  near  the 
oscillating  frequency 


\ Ei\  _ u»[l  - (1  - ir*)V2(*y)*]  ,cx 

:: W 

I I y 

The  magnitude  of  the  term  (1— 


3?yi2{xyy  determines  the  sharp- 
ness of  the  resonance  peaks,  for  the 
smaller  is  y the  more  rapid  the 
change  with  x.  Thus,  as  would  be 
expected,  the  rate  of  change  of 
phase  and  the  sharpness  of  the  res- 
onance peak  both  depend  on  the 
same  parameter  y. 

The  problem  is  to  determine  the 
values  of  u and  v for  which  y is  a 
minimum.  To  do  so,  let  = 1,  in 
which  case  Ci  = Ct,  and  then  y = 
(2tt*  -f-  1)/m.  This  relation  is  a 
minimum  when  m*  = 0.6.  Various 
calculated  amplitude,  and  phase 
curves  for  v®  = 1 and  different  val- 
use  of  w®  are  shown  in  Fig.  2 with 
the  value  of  w*  indicated  for  each 
curve. 

For  any  general  value  of  v*  there 
is  an  optimum  value  of  w®  and  vice- 
versa.  The  general  expressions  are 
obtained. 

dy  _ / d \ u*  + g®  + 
du  ~ \ du  / w 

= — {v/v?)  + (l/»)  + V (8) 

which  equals  zero  when 
tt*  = »*/(l  + tP)  (9) 

Similarly,  for  a given  value  of  m* 
the  optimum  value  of  v®  is 

»*;=  uV(i  + w®)  (10) 

Carrying  the  logic  further,  put  Eq. 
9 into  the  expression  for  y,  then 
y*  = 4(1  + t;*)  (11) 

which  has  its  minimum  when  v*  = 
0,  and  then  u*  = 0.  Thus  the  cri- 
teria for  the  sharpest  resonance 
curves  and  the  most  rapid  change  of 
phase  near  the  resonant  frequency 
are  that  u and  v are  as  small  as  pos- 
sible consistent  with  maintaining 
either  Eq.  9 or  10.  When  u and  v are 
both  small,  they  are  nearly  equal. 

Figure  3 presents  curves  for  vari- 
ous values  of  (w®,  v®) . These  curves 
include  the  cases  for  m®  and  v®  both 
vanishingly  small;  that  is,  the  the- 
oretically best  conditions  that  can 
be  obtained.  Also  included  in  Fig. 
B are  some  experimental  points  ob- 
tained with  the  Indicated  values. 
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FIG.  3 — Experimenial  points  fall  close  to 
the  calculoted  resonance  curves 


For  the  conventional  case  at  x 
= 1 

«*  = =ri;  d<f>/dx  = - 2/3 
while  for  the  optimum  case  at  x = 1 
u*  = ►O;  d«A/dx  = — 1 

Practical  Considerations 

The  foregoing  analysis  indicates 
that  for  maximum  stability  the  ra- 
tios Ct/Ci  and  Rj/R,  should  be  as 
large  as  possible  consistent  with  a 
given  (frequency)  relationship  be- 
tween them.  In  oscillators  employ- 
ing this  type  of  feedback  circuit; 
condition  for  oscillation  is 
1 + Ri/Ri  + Ct/Ci  < A (12) 

where  A is  the  gain  in  the  auxiliary 
amplifying  circuit.  Using  the  fore- 


going notation,  this  condition  can 
be  expressed  as 

1 + l/u  + l/»  < A (13) 

Thus  the  minimum  values  of  u 
and  V that  can  be  employed  are  de- 
termined by  the  gain  that  is  avail- 
able from  the  amplifier. 


FIG.  4 — Typical  oacUlotor  circuit  to  which 
design  can  be  applied 


For  example,  in  the  cathode-cou- 
pled oscillator*  shown  in  Fig.  4,  the 
condition  for  oscillation  is 
Ei  >AEi  (14) 

or 

> A = gmlQmiRc  Rl  (15) 

y 

which  means  that 
1 + l/«  + l/»  <gmigmiRc  Rl  (16) 


where  g^i  and  Pm.  are  the  mutual 
conductances  of  the  two  triode  sec- 
tions under  the  operating  condi- 
tions. 

If  the  oscillator  is  to  cover  a 
range  of  frequencies,  the  ratio  C^/Ci. 
must  remain  constant  over  the 
band.  This  consistancy  can  be  ac- 
complished by  using  a ganged  tun- 
ing capacitor  with,  for  example,  C, 
consisting  of  three  sets  of  plates  in 
parallel  and  Ci  the  other  set.  Then 
V*  = 0.33.  Thus  for  optimum  sta- 
bility with  this  value  of  v*,  w*  = 
0.25.  The  condition  for  oscillation 
becomes 

gmigmiRcRh  >8  (17) 

For  usual  triodes,  Ra  is  approxi- 
mately 600  ohms,  and  Pm  is  approxi- 
mately 2,000  microhms,  therefore 
Rt  should  be  greater  than  4,000 
ohms. 
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Bandspreading  Resistance-Tuned  Oscillators 

By  SEYMOUR  BARKOFF 


One  common  characteristic  of  most 
audio  signal  generators  is  the 
crowding  of  the  calibration  mark- 
ings on  the  frequency  dial  toward 
the  upper  end  of  the  audio  fre- 
quency spectrum.  Such  crowding 
usually  causes  difSculty  in  inter- 
polating frequency  readings  accur- 
ately between  dial  markings.  Oc- 
casionally, the  need  arises  for 
greater  accuracy  and  precision  in 
frequency  readings. 

It  is  the  purpose  of  this  article 
to  describe  a simple  means  of  add- 


ing bandspread  to  a particular 
laboratory  oscillator.  SufiBcient 
design  information  will  be  included 
to  make  the  method  applicable  to 
other  oscillators  of  the  same  gen- 
eral type,  and  for  any  desired  fre- 
quency ranges. 

Theory 

The  audio  oscillator  selected  for 
the  job  was  the  Hewlett-Packard 
Model . 200B,  which  consists  of  a 
two-tube  audio  oscillator  and  a two- 
tube  feedback  amplifier.  Only  the 


oscillator  circuit  is  dealt  with  here, 
since  the  amplifier  circuits  are  un- 
affected by  the  bandspread  revision. 

The  basic  circuit  of  the  two-tube 
oscillator  is  shown  in  Fig.  1.  The 
circuit  resembles  that  of  a multi- 
vibrator, except  for  the  method  of 
feeding  grid  and  cathode  of  the  6J7 
stage.  Oscillations  take  place  at  a 
frequency  at  which  the  6J7  grid 
voltage  is  in  phase  with  the  6F6 
plate  voltage.  The  Wien  bridge 
network,  RiCJtjCt,  determines  the 
frequency  at  which  these  two  volt- 
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ages  are  in  phase.  The  frequency 
is  made  smoothly  variable  through 
the  use  of  a standard  type  of 
ganged  variable  air  capacitor  for 
Cl  and  Ca.  Each  of  these  consists 
of  two  sections  of  a four-gang  ca- 
pacitor, with  a maximum  capaci- 
tance of  525  fifif  per  section. 

Trimmers  are  used  across  Ci  and 
Cj  for  the  purpose  of  calibration 
and  maintenance  of  a constant 
amplitude  of  oscillation. 


FIG.  1 — Basic  circuit  of  a well-known 
resistance-tuned  oscillator  to  which 
bandspreading  will  be  added 


In  modifying  the  oscillator,  the 
most  desirable  method  is  to  remove 
the  original  bandswitch,  together 
with  the  tuning  resistors  assembled 
on  it,  and  substitute  another  switch 
having  the  desired  number  of  posi- 
tions and  circuits.  The  original 
resistors,  or  preferably  new  ones, 
are  then  assembled  onto  the  switch 
together  with  the  extra  components 
for  the  bandspread  ranges.  Addi- 
tional tuning  scales  may  then  be 
placed  on  the  frequency  dial,  or  a 
new  dial  substituted. 

Bandspread  Computations 
In  the  original  tuning  circuit  of 
the  oscillator,  all  of  the  tuning  com- 
ponent values  are  specified  in  the 
manufacturer’s  instruction  book 
except  the  AC  of  the  tuning  capaci- 


tor, and  the  minimum  capacitance, 
C™i„,  across  Ci  and  Cj  each  when  the 
tuning  capacitor  is  set  to  the  high- 
frequency  end  of  the  dial.  The 
values  of  AC  and  C„i„  are  obtainable 
by  simple  calculation:  C^m  = 86 
ppi  and  AC  = 1,019  ppi.  Values 
of  components  for  any  desired  band- 
spread  range  may  now  be  readily 
calculated. 

Example:  Calculate  a tuning  cir- 


FIG.  2 — Complete  bandspread  circuit 
covering  3 to  5.  5 to  7 and  7 to  9-kc 
ranges  in  addition  to  original  bands 


cuit  to  produce  a range  of  3,000  to 
5,000  cycles  for  a complete  rotation 
of  the  tuning  capacitor. 


j/miix 

fmin 


1,529  MMf 


The  tuning  circuit  already  con- 
tains a Cm,„  of  86  ppf.  Therefore, 
a fixed  capacitor  of  1,529  - 86  = 
1,443  ppf  must  be  added  across  each 
two  sections  of  the  tuning  capaci- 
tor. 

The  tuning  resistors  are  selected 
to  give  a frequency  of  5,000  cycles 
with  the  tuning  capacitance  at 
minimum,  which  is  1,529  p-pf. 


^ ~ c,'\n  ~ 20,900  ohms 

The  complete  bandspread  circuit 
including  the  switching  is  given  in 
Fig.  2.  The  values  indicated  obtain 
three  ranges  of  3,000  to  5,000,  5,000 
to  7,000,  and  7,000  to  9,000  cycles, 
with  approximately  10  percent  over- 
lapping of  ranges. 

Selection  of  Components 

Resistors  and  capacitors  for 
bandspread  circuits  must  be  selec- 
ted with  care.  Particular  attention 
should  be  paid  to  their  temperature 
coefficients,  for  frequency  drift  due 
to  warmup  shows  up  much  more 
readily  on  a bandspread  than  on  a 
compressed  scale.  For  example,  a 
drift  of  1 percent  at  5,000  cycles 
will  nullify  the  accuracy  of  a dial 
which  may  have  initially  been  cali- 
brated to  an  accuracy  of  20  cycles. 

It  has  been  found  most  desirable 
to  use  wi  rewound  resistors  and  sil- 
ver mica  capacitors  as  the  tuning 
elements  for  the  bandspread  cir- 
cuits. The  resistors  should  be 
wound  non-inductively,  and  of  a 
wire  with  the  lowest  possible  tem- 
perature coefficient.  The  writer  has 
used  resistors  made  with  331  Alloy, 
also  known  by  the  trade  names  of 
Karma  and  Evenohm.  This  wire 
has  about  the  same  temperature 
coefficient  as  manganin  (0.00002 
per  C)  but  holds  it  over  a wider 
temperature  range  than  manganin. 
The  silver  mica  capacitors  should 
likewise  have  a zero  temperature 
coefficient. 

It  has  been  found  that  at  the 
upper  end  of  the  third  bandspread 
range — 9,000  cycles — that  the  drift 
over  a two-hour  period  from  a cold 
start  is  less  than  20  cycles,  or  about 
0.2  percent.  This  should  prove  sat- 
isfactory for  most  applications. 
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Transistor  Oscillator 

Audio  oscillator  built  around  crystal  triode,  used  to  frequency  modulate  rocket  telemeter- 
ing system,  has  numerous  advantages  over  vacuum-tube  equivalent.  Transistor  character- 
istics are  reviewed,  and  design  data  for  similar  circuits  in  other  applieations  are  presented 


There  exist  today  many  sys- 
tems for  the  telemetering  of 
information  from  rockets  or  other 
flight-test  vehicles  by  means  of  a 
radio  link.  One  of  the  more  popular 
systems  is  known  as  the  f-m/f-m 
system.^  ' This  system  uses  the  fre- 
quencies of  a number  of  audio  tones 
to  convey  the  data  to  the  ground 
on  a frequency-modulated  radio  car- 
rier. 

One  frequently-used  method  of 
converting  a telemetered  quantity 
into  an  audio  frequency  is  the  vari- 
able-inductance gage.  With  this 
technique  an  air  gap  in  the  mag- 
netic circuit  of  the  gage  is  made 
dependent  upon  the  measured  quan- 
tity. The  gage  is  then  used  as  an 
inductance  in  the  tuned  circuit  of 
an  audio  oscillator,  thereby  control- 
ling its  frequency. 

Many  audio  oscillator  circuits 
have  been  used.  The  oscillators  are 
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flown  in  rockets  and  they  must  op- 
erate under  fleld  conditions;  hence 
certain  design  criteria  are  imposed 
upon  them.  Necessary  characteris- 
tics of  the  audio  oscillators  include 
small  size,  light  weight,  low  power 
consumption,  simplicity,  rugged- 
ness, and  frequency  stability  with 
changes  of  supply  voltages  or  exter- 
nal conditions. 

The  Bell  Telephone  Laboratories 
transistor,®  used  in  an  extremely 
simple  oscillator  circuit,  shows 
promise  of  providing  a useful  solu- 
tion to  the  telemetering  audio-oscil- 
lator problem. 

The  Transistor 

A transistor  was  procured 
through  the  efforts  of  the  Army 
Ordnance  Department  and  the  Sig- 
nal Corps.  The  audio-frequency  be- 
havior of  the  transistor  is  described 
by  the  experimentally  obtained 


characteristic  curves  illustrated  in 
Fig.  1 if  its  input  and  output  volt- 
ages and  currents  are  as  designated 
in  Fig.  2A. 

For  small  increments  of  voltage 
and  current  (small  signal  opera- 
tion), the  incremental  operation  of 
the  transistor  may  be  expressed  by 
any  of  a number  of  equation  pairs. 
The  following  pair  is  convenient  for 
this  analysis : 

Ee  = Re  Ie-\-RceIc  (1) 
Ec  = Rec  Je  -|-  Rc  Ic  (2) 

The  values  of  Rb,  Rce,  Rec,  and  Rc 
in  Eq.  1 and  2 for  a given  region  of 
operation  may  be  determined  from 
the  characteristic  curves  or  from 
more  direct  measurements,  using 
methods  similar  to  those  used  in 
determining  the  values  of  fi,  Rp,  and 
Gm  for  a vacuum  tube.  Re,  Rc,  Rce, 
and  Rec  may  be  written  as  follows : 


Ie  in  ma 


FIG.  1 — Experimentally-determined  charac- 
teristic curves  oi  the  transistor  used.  The 
desired  operating  region  is  shaded 


An  experimental  transistor  osciilator  with  a telemetering  pressure  gage  attached. 
The  battery,  strapped  below  the  gage,  will  run  the  unit  for  several  days.  Experimental 
performance  curves  are  shown  in  Fig.  3 
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Re  — 

, ic  constant 

OlE 

(3) 

Rc  = 

Sec  . , . 

— , , lE  constant 

6%C 

(4) 

Rce  = 

Sce'  ^ ^ 

. . ,tE  constant 

Olc 

(5) 

Rec  = 

Sec  . ^ ^ 

—r- — , ic  constant 

StE 

(6) 

Typical  values  of  Rg,  Re,  Rse, 

and 

Res,  found  by  using  Eq.  3 through 
6 and  the  characteristic  curves,  in 
the  normal  operating  range  of  a 
transistor  are,  Rg  = 1,400,  Rc  = 
33,000,  Res  = 700  and  Rge  = 77,000 
ohms. 


The  Oscillator 

Consider  the  transistor  connected 
in  the  circuit  shown  in  Fig.  2B. 
The  batteries  and  B2  are  of  such 
voltage  that  they  cause  the  tran- 
sistor to  operate  in  the  desired  re- 
gion of  Fig.  1. 

The  two  incremental  mesh  equa- 
tions for  the  circuit  of  Fig.  2B  are 
easily  written  by  inspection  as  fol- 
lows: 

(Zi  -f  Re  -)-  Zb)  Ie  + (Rce  + Zb)  Ic 
= 0 (7) 

{Rbc  -h  Zb)  Ie  -I-  {Z^  + Rc  + Zb)  Ic 

= 0 (8) 

In  order  that  Eq.  7 and  8 have  a 
solution,  other  than  the  trivial  one 
of  Ig  = Ic  z=  0,  the  determinant  of 


the  equations  must  equal  zero.* 
Thus 


^Zi  -1-  Re  -}-  Zb  Rce  + Zb 
\Rec  “T  Zb  Z2  -j-  Rc  -I”  Zb 


(9) 


Hence 

{Zi  Re  Zb)  (Z2  -f-  Rc  + Zb)  = 

(Rec  -|-  Zb)  (Rce  + Zb)  (10) 

Zb  = (11) 

(Zi  4~  Re)  (Zg  -I-  Rc)  — Rec  Rce 
Rec  4-  Rce  — (Zi  -}-  Re)  — (Za  + Rc) 


If  stable  oscillations  are  to  occur, 
Eq.  11  must  be  satisfied  at  the  de- 
sired real  frequency  wo  and  at  no 
other  point  in  the  complex  fre- 
quency plane. 

The  circuit  of  Fig.  2C  is  one  of 
several  circuits  suggested  by  Eq.  11 
which,  when  tried,  gave  stable  oscil- 
lation. It  appeared  to  provide  the 
most  satisfactory  operation.  The 
circuit  oscillates  at  the  parallel 
resonant  frequency  of  the  tuned  cir- 
cuit, the  frequency  at  which  the  cir- 
cuit appears  as  a pure  resistance  of 
magnitude  approximately  given  by 
Qu>L. 

The  sizes  of  R,  and  R^  are  not 
critical  over  a wide  range  since  the 
transistor  limits  (in  a manner  sim- 
ilar to  vacuum  tubes)  the  oscilla- 
tion amplitude  by  means  of  nonline- 
arities, which  adjust  the  values  of 
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FIG.  2 — ^Actual  circuit  diagram  of  treoisbi-  FIG.  3 — ^Frequency  and  oudio^utput-Tolt* 

tor  oscillator  is  shown  in  C.  Basic  circuits  age  curres  for  experimental  transistor 

are  shown  in  A and  B osdllotor  shown  in  the  photograph 


Rg,  Re,  Rse  and  Res.  Values  of  2,500 
and  5,000  ohms  for  R,  and  jB*,  re- 
spectively, have  proved  satisfactory. 

Caution  should  be  observed  in 
making  R,  and  Rs  too  small  or  in 
letting  the  d-c  resistance  of  the 
parallel  resonant  circuit  become  too 
great ; otherwise  the  transistor  will 
become  d-c  unstable  and  be  dam- 
aged by  the  excessive  currents.  By 
means  of  Eq.  11,  d-c  instability  may 
be  investigated. 

When  the  values  given  for  R,  and 
Ri  are  substituted  in  Eq.  11,  a value 
of  2,600  ohms  is  obtained  for  Zg. 
This  value  of  Zg,  or  greater,  is  read- 
ily achieved  by  a parallel  resonant 
circuit  which  has  reasonable  values 
of  Q and  L/C.  (The  variable  in- 
ductance used  in  the  experimental 
oscillator  had  a Q of  approximately 
9 at  the  oscillation  frequency.)  The 
d-c  resistance  of  the  circuit  may  be 
easily  made  much  smaller  than 
2,600  ohms  so  that  d-c  stability  is 
assured. 

An  experimental  transistor  oscil- 
lator with  a telemetering  pressure 
gage  is  shown  in  the  photograph. 
The  battery  shown  will  run  the  unit 
for  a number  of  days. 

Experimental  values  of  frequency 
and  output  voltage  for  the  circuit  of 
Fig.  2C  are  shown  plotted  in  Fig.  3 
for  variations  in  supply  voltage 
(3A)  and  transistor  temperature 
(3B).  The  variations  with  transis- 
tor temperature  are  undesirable, 
but  it  is  considered  that  the  temper- 
ature of  the  unit  during  flight  time 
may  be  held  reasonably  constant. 
Temperature  compensation  is  at 
present  being  investigated.  The 
harmonic  content  of  the  output  is 
under  5 percent.  The  battery  drain 
is  of  the  order  of  0.5  to  1 ma. 
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Square-Wave  Generator  Using 
Gated-Beam  Tube 

Output  from  50  to  500,000  pulses  per  second  is  provided  in  five  steps  for  checking 
frequency  response,  phase  shift  or  transient  response.  Simple  circuit  includes  a S3unmet- 
rical  multivibrator,  gated-beam  tube,  wide-band  amplifier  and  cathode-follower  output 


Most  square-wave  generators 
are  fairly  expensive  because 
they  employ  several  cascaded  ampli- 
fier stages  to  provide  adequate  clip- 
ping action.  With  only  five  tubes 
used  in  the  complete  instrument,  a 
square-wave  generator  using  a 
6BN6  gated-beam  tube  as  a clipper^ 
delivers  a signal  with  good  wave- 
form, fast  rise  time  and  wide  fre- 
quency range.  The  schematic  dia- 
gram of  such  an  instrument  is 
shown  in  Fig.  1. 

Circuit  Description 

Referring  to  the  schematic  dia- 
gram of  Fig.  1,  a 12AU7  twin-tri- 
ode,  Vi,  is  used  as  a plate-coupled 
symmetrical  multivibrator.  Five 
separate  frequencies  of  operation 
are  provided  with  each  frequency 
obtained  by  changing  the  grid-plate 
R-C  circuits  by  means  of  switch  Si. 
The  grid  resistors  are  dual  poten- 
tiometers which  can  be  adjusted  to 
supply  exact  frequencies  on  each 
switch  position  regardless  of  cou- 
pling-capacitor tolerances. 

The  nonsinusoidal  signal  appear- 
ing across  plate  load  is  applied 
through  Cu  to  the  gated-beam  clip- 
per y,.  Both  plate  and  screen  volt- 
ages on  this  tube  must  be  kept  low 
for  good  clipping. 

A square-wave  signal  appears 
across  plate  load  i?*,  and  is  applied 
through  Cu  to  the  wide-band  volt- 
age amplifier  V,.  The  amplified 
square-wave  signal  is  then  applied 
through  Cu  to  the  cathode-follower 
output  stage  Vt  which  permits  a 
low-impedance  output. 

Direct  voltages  to  operate  the  in- 
strument are  supplied  by  a conven- 
tional full-wave  rectifier  power  sup- 
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ply  using  a 6Y3GT. 

Design  Features 

Small-value  plate-load  resistors 
are  used  in  each  amplifier  stage  to 
provide  wide  frequency  response 
and  to  minimize  the  effect  of  dis- 
tributed capacitance. 

To  amplify  a square-wave  signal 
with  minimum  waveform  distortion, 
an  amplifier  should  be  capable  of 
amplifying  frequencies  without  at- 
tenuation to  at  least  the  tenth  har- 
monic of  the  square-wave  funda- 
mental frequency.  Since  the  high- 
est frequency  square-wave  signal 
supplied  by  this  unit  is  500,000  pps, 
the  amplifiers  must  be  reasonably 
flat  to  better  than  5 megacycles.  By 


using  small  plate-load  resistors  and 
care  in  wiring  it  has  been  possible 
to  accomplish  this  without  having 
to  use  peaking  coils  or  other  means 
to  boost  the  high-frequency  re- 
sponse. This  is  desirable  so  that 


the  final  square  wave  will  be  free  of 
overshoots,  ringing  and  high-fre- 
quency phase  shift. 

At  low  frequencies,  other  prob- 
lems are  encountered.  Since  a low- 
frequency  square  wave  may  be  con- 
sidered as  a switched  d-c  signal,  the 
amplifier  circuits  must  be  capable 
of  holding  a steady  level  during  a 
period  equal  to  one-half  a cycle  of 
the  lowest-frequency  square  wave 
to  be  obtained.  Towards  this  end, 
large  R-C  time  constants  are  used 
in  coupling  between  stages  and 
large-capacitance  electrolytics  are 
used  in  filtering  and  by-pass  cir- 
cuits. 

Several  requirements  dictated 
the  design  of  the  output  circuit.  In 


common  with  all-  wide-band  devices, 
the  output  impedance  had  to  be 
low.  At  the  same  time,  it  was  de- 
sired to  provide  control  over  the 
output  level  at  minimum  cost  and 
without  distortion  of  signal  wave- 


FIG.  1 — Circuit  diagram  ior  square-ware  generator.  The  clipper  stage  employs  a 

6BN6  gated-beam  tube 


366 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


form  at  different  levels. 

A cathode-follower  output  circuit 
was  selected  and  a low-resistance 
potentiometer,  Rz,,  used  to  control 
the  output  level.  Even  with  these 
precautions,  the  waveform  suffered 
near  the  ends  of  rotation  of  the 
control.  This  was  due  to  the  fre- 
quency consciousness  of  a potenti- 
ometer type  of  control.  To  mini- 
mize this  effect,  fixed  resistances, 
Rzs  and  Rzs,  were  added  to  prevent 
adjusting  the  control  to  extreme 
limits. 

In  the  final  circuit,  it  is  possible 
to  adjust  the  output  level  over  the 
desired  range  without  waveform 
distortion  from  50  to  500,000  pulses 
per  second. 


Choice  of  Frequencies 

Since  a square-wave  signal  is 
satisfactory  for  checking  an  ampli- 
fier to  at  least  the  tenth  harmonic 
of  its  fundamental  repetition  rate, 
it  is  not  necessary  to  provide  con- 
tinuous frequency  coverage  in  a 
square-wave  generator.  Four  or  five 
frequencies,  if  carefully  chosen,  are 
satisfactory  for  all  normal  work. 

Frequencies  permitting  the  final 
instrument  to  be  applied  with  equal 
versatility  to  the  design  of  audio 
amplifiers  and  pulse  and  video  am- 
plifiers were  selected.  For  these 
reasons,  repetition  rates  of  50, 
1,000,  10,000,  100,000  and  500,- 
000  pps  were  chosen. 

Another  model  will  be  made  avail- 


able for  wide-band,  high-fidelity 
audio-amplifier  work.  It  will  sup- 
ply signals  at  50,  500,  5,000,  10,000 
and  20,000  pps. 

Output-signal  level  may  be  ad- 
justed by  means  of  Rzr  from  approx- 
imately 0.8  to  8 volts  peak-to-peak. 
This  permits  checking  not  only 
complete  amplifier  circuits  but  also 
individual  stages  and  attenuator 
circuits.  Output  impedance  varies 
from  about  50  ohms  to  approxi- 
mately 550  ohms,  depending  on  the 
attenuator  setting. 

Rise  time  is  good,  and  for  the 
500-kc  signal  is  better  than  0.07 
microsecond. 

Applications 

The  final  instrument  may  be  used 
for  checking  amplifiers,  peaking  or 
ringing  networks,  attenuator  cir- 
cuits, phase-shift  circuits  and  puls- 
ing circuits  or  devices. 

For  pulse  formation,  a conven- 
tional differentiating  circuit  may  be 
used  in  conjunction  with  the  square- 
wave  generator. 

When  the  instrument  is  used, 
normal  precautions  should  be  fol- 
lowed. Unless  necessary  to  mini- 
mize hum  pickup,  a shielded  output 
cable  should  not  be  used.  An  open 
line  is  preferred  to  prevent  high- 
frequency  signal  loss  and  resultant 
rounding  of  the  square-wave  signal. 

Since  a direct  voltage  is  present 
along  with  the  square-wave  signal 
at  the  output  terminal,  a blocking 
capacitor  should  be  connected  in 


series  with  the  hot  lead  if  d-c  can- 
not be  tolerated  in  the  circuit  to 
which  the  generator  is  connected. 
The  size  of  this  capacitor  will  be 
determined  by  the  input  impedance 
of  the  circuit  to  be  tested  and,  for 
this  reason,  a capacitor  was  not  in- 
corporated as  part  of  the  instru- 
ment. The  capacitor  used  should  be 
selected  to  provide  an  R-C  time  con- 
stant, with  the  input  impedance  of 
the  circuit  to  be  tested,  at  least  25 
times  greater  than  the  time  of  one 
cycle  of  the  lowest-frequency 
square-wave  to  be  used. 

In  all  cases,  connections  to  and 

from  the  circuit  tested  should  be 
kept  as  short  as  practicable.  Long 
leads  may  introduce  sufficient  in- 
ductance in  some  amplifier  circuits 
so  that  resonance  at  comparatively 
low  frequencies  occurs.  This  re- 
sults in  overshoots  and  transient 
oscillation  when  signals  having  a 
short  rise  time  are  used.  Such  dis- 
tortion of  the  square-wave  signal 
may  lead  to  incorrect  conclusions 
concerning  the  circuit  tested. 

The  author  wishes  to  thank 
Joseph  Kaufman,  Director  of  Edu- 
cation, National  Radio  Institute, 
for  his  encouragement  and  sugges- 
tions during  the  design  of  this  in- 
strument and  Mort  Massie  for  his 
help  in  securing  special  samples 
necessary  for  the  construction  of 
an  experimental  model. 

Reference 

(1)  Robert  Adler.  A Gated  Beam  Tube, 
Electronics,  p 82,  Feb.  1950. 


OSCILLATORS 


367 


Frequency  Division  with  Phase -Shift 

Oscillators 

Divisions  as  high  as  seven  are  easily  obtained  with  standard  component  parts  requiring 
only  initial  adjustment.  Practical  circuits  described  are  customarily  employed  to  obtain 
accurate  power  frequencies.  They  find  additional  use  in  the  lower-frequency  stages  of 

frequency  standards  calibrated  at  r-f 


The  resistance  - capacitance 
phase-shift  oscillator  has  de- 
sirable charactertistics  as  a fre- 
quency divider.  When  suitably 
modified,  it  is  possible  to  obtain 
relatively  large  division  ratios  that 
are  unaffected  by  tube  replacement, 
component  drift  due  to  aging  or 
temperature.  The  single  triode  used 
per  division  gives  it  an  advantage 
over  conventional  multivibrator 
types.  In  operating  latitude  it  ap- 
proaches that  of  the  inductance- 
capacitance  oscillator.^  It  is  ad- 
vantageous in  that  the  transformers 
are  replaced  by  resistance-capaci- 
tance networks  as  frequency-de- 
termining elements,  with  a conse- 
quent reduction  in  cost  and  weight. 

Dividers  operating  from  both 
crystal  and  tuning-fork  oscillator 
standards  have  been  constructed  to 
give  dependable  60-cycle  output  for 
motor  drive  applications.  Divisions 
by  five,  six  and  seven  were  used  in 
these  designs.  Scale-of-ten  divisions 
in  a single  stage  have  also  been 


FIG.  1 — ^Basic  divider  circuit  illustrotes 
importance  of  couplings 
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used.  They  require  more  care  in 
initial  alignment  because  of  the  re- 
stricted locking  range. 

The  resistance-capacitance  phase- 
shift  oscillator  is  particularly  ap- 
plicable in  divider  chains  where  the 
output  frequency  is  below  10  cycles. 
In  this  frequency  range,  other 
dividing  methods  are  undependable 
or  require  components  of  large  size. 

The  basic  phase-shift  oscillator 
used  for  frequency  division  is 
shown  in  Fig.  1.  The  circuit  is  the 
standard  four-section,  series-capac- 
itance shunt-resistance  type  and 
was  favored  over  the  three-section 
type  because  less  gain  is  required 
for  oscillation.  It  is  desirable  at 
higher  frequencies  where  the  tube 
output  capacitance  decreases  the 
stage  gain.  Departures  from  the 
standard  oscillator  are  found  in  the 
use  of  capacitors  Ci  and  C2  and  in 
the  operating  point  of  the  tube. 

Capacitor  Ci  couples  the  control 
frequency,  which  is  some  multiple 
of  the  output  frequency,  into  the 
frequency-determining  network. 
This  capacitor  serves  the  additional 
function  of  dropping  the  control 
voltage  to  a suitable  value  for 
proper  operation.  The  magnitude 
of  Cl  is  such  that  it  only  slightly 
affects  the  frequency  of  oscillation 
of  either  stage. 

Output  is  taken  from  the  plate 
of  the  tube  through  an  appropriate 
coupling  capacitor  C2,  either  to  the 
grid  of  the  following  divider  stage, 
or  into  the  output  load  resistance. 
Each  stage  oscillates  with  an  ampli- 
tude of  about  60  volts  at  the  de- 
sign-center  supply  voltage  of  300 


volts.  The  operating  point  of  the 
tube  determined  by  the  plate  and 
cathode  resistors  is  such  that  strong 
harmonics  of  the  oscillating  fre- 
quency are  produced.  The  control- 
frequency  voltage  combines  with 
the  harmonic  that  is  nearest  in  fre- 
quency, causing  the  frequency  of 
the  oscillator  to  change  to  an  exact 
control  frequency  submultiple. 

A 100-cycle  oscillator  can  be  used 
as  a divider  of  frequencies  of  500, 
600  and  700  cycles  without  modifi- 
cation, because  fifth,  sixth  and 
seventh  harmonics  of  the  funda- 
mental frequency  are  generated. 
When  locking  of  the  oscillator  oc- 
curs, the  control  frequency  de- 
termines its  frequency  and  the  out- 
put wave  shows  a fundamental  plus 
a pronounced  harmonic  at  the  con- 
trol frequency.  As  the  control  fre- 
quency is  varied  the  phase  of  this 
harmonic  varies  with  respect  to  the 
fundamental  wave.  If  the  control 
frequency  is  changed  sufficiently  the 
divider  will  unlock.  This  effect  is 
noticed  in  the  ouput  wave  by  the 
harmonic’s  continually  changing 
phase  with  respect  to  the  funda- 
mental. 

In  Fig.  2 the  locking  range  of  a 
100-cycle  divider  is  shown  as  a func- 
tion both  of  controlling  frequency 
and  magnitude  of  the  capacitance 
Cl.  In  obtaining  this  data,  the  con- 
trolling frequency  voltage  was  kept 
constant  at  60  volts  and  applied  to 
Cl  through  a 100,000-ohm  resistor 
to  simulate  the  driving  impedance 
of  the  preceding  divider  stage.  The 
locking  range  is  seen  to  be  generally 
better  for  control  frequencies  that 
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are  odd  multiples  of  the  oscillator 
frequency  than  it  is  for  those  that 
are  even  multiples.  When  Ci  is 
small  little  of  the  control  frequency 
energy  is  introduced  into  the  oscil- 
lator and  hence  the  locking  range 
for  a given  division  is  restricted. 
When  Cl  is  made  too  large  so  much 
control  frequency  is  introduced  that 
the  divider  acts  as  an  amplifier  with 
the  control  frequency  as  output. 


standard-tolerance  components  in 
the  phase-shift  network  that  the 
frequency  be  adjusted  by  padding 
the  first  resistance  in  the  network 
(shown  as  Rx  in  the  Fig.  1)  to  a 
suitable  value.  In  the  models  con- 
structed, the  phase-shift  resistors 
and  capacitors  of  a stage  are  ar- 
ranged in  separate  shield  cans,  indi- 
cated by  the  dotted  lines.  In  prac- 
tice, the  first  150,000-ohm  resistor 


tion  of  from  200  to  400  volts  will 
not  cause  the  divider  to  unlock.  This 
stability  results  because  the  phase- 
shift  oscillator’s  frequency  is  only 
slightly  affected  by  supply  voltage. 
The  control  voltage  required  to  ob- 
tain locking  is  not  critical. 

The  diagram  of  Fig.  4 shows  a 
divider  designed  to  give  60-cycle 
output  controlled  by  an  1,800-cycle 
tuning-fork  frequency  standard. 


FIG.  2 — Shaded  areas  indicate  the  locking  range  os  a function 
of  input  coupling  and  frequency.  Supply  voltage  is  300  v.  fre> 
quency  100  cycles  and  resistance  R is  200.000  ohms 


FIG.  3 — Locking  range  in  percent  as  a function  of  phase-shift 
resistance  in  thousands  of  ohms.  The  oscillator  frequency 
used  is  100  cycles  ond  division  ratio  is  six-to-one 


The  locking  range  curves  indicate 
that  for  the  100-cycle  output  divider 
a 250-)u,/Af  coupling  capacitor  from 
the  previous  stage  will  give  the  wid- 
est locking  range  for  divisions  by 
five  and  six,  but  a somewhat  larger 
capacitor  is  required  for  divisions 
by  seven  for  optimum  operation. 
The  locking  range  as  a function  of 
the  phase-shift  network  resistance 
is  shown  in  Fig.  3 for  a 100-cyele 
oscillator.  This  curve  was  taken  for 
a division  by  six  and  is  indicative  of 
the  results  obtained  for  other 
divisions. 

In  designing  a divider  stage,  the 
required  oscillating  frequency  of 
the  stage  is  determined,  and  the 
standard  formula  for  the  frequency 
of  a four-section  phase-^shift  oscil- 
lator is  used,*  making  the  R of  the 
formula  200,000  ohms.  In  this  way 
the  required  C is  obtained.  If  the 
value  of  C determined  in  this  way 
is  not  close  to  a standard  value,  a 
different  R above  200,000  ohms  can 
be  chosen.  Figure  3 shows  that  the 
operating  range  will  only  be  slightly 
affected  by  this  change  of  resist- 
ance. 

It  is  usually  required,  when  using 


is  brought  out  to  a terminal.  The 
padding  resistor  Rx  completes  the 
connection  to  ground. 

Using  the  optimum  values  as  de- 
termined by  the  foregoing,  the  oper- 
ation of  the  divider  is  independent 
of  supply  voltage  variations  over  a 
wide  range.  By  setting  the  center 
of  the  locking  range  at  the  control 
frequency  a supply-voltage  varia- 


The  first  stage  divides  by  six  (300- 
cycle  oscillator)  and  the  second 
stage  by  five  (60-cycle  oscillator). 
For  a divider  of  this  type,  employ- 
ing two  divisions  of  a low  order, 
standard-tolerance  components  of 
the  values  shown  will  produce  satis- 
factory lock-in  between  the  oscil- 
lators. 

In  order  to  insure  stable  opera- 


12  AX7 


il2AX7 


+ 300V 


DIVISION  6/1 
FREO^NCY  300  CYCLES 
R^O^Z  MEG 
C=0.002 


DIVISION  5/1 
FREQUENCY  60  CYCLES 
R:  0.22  MEG 
C = 0.0l 


FIG.  4 — Synchronous  motor-control  giving  frequency  division  of  30 
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tion  despite  variations  in  the  oscil- 
lator frequencies  with  time,  the  fre- 
quency of  each  stage  should  be  ad- 
justed for  the  center  of  the  control 
range.  In  practice,  when  the  in- 
coming 1,800-cycle  frequency  is 
applied  to  the  vertical  plates  and 
the  output  from  the  plate  of  the 
first  stage  to  the  horizontal  plates 
of  an  oscilloscope,  a six-loop  Lissa- 
jous  figure  is  observed.  By  replac- 
ing Ri  with  a resistance  box  its 
value  can  be  adjusted  so  that  the 
divider  will  unlock  for  a high  value 
of  resistance  and  also  for  a low 
value.  A value  is  then  chosen  to 
give  the  midfrequency  between 
tiiese  two  drop-out  points.  By  trans- 
ferring the  oscilloscope  connections 
to  the  next  stage,  the  procedure  can 
be  repeated  to  place  the  divider  in 


final  adjustment. 

Mid- 

Range 

Percent 

frequency 

1,646-1,895 

14.1 

1,770 

1,671-1,947 

15.2 

1,809 

1,669-1,931 

14.6 

1,800 

1,668-1,932 

14.6 

1,800 

1,656-1,932 

15.3 

1,794 

1,694-1,945 

13.7 

1,819 

This  divider  gave  a control  range 
of  15  percent  when  operated  from  a 
26-volt  control-frequency  input.  The 
tabulation  shows  the  variation  in 
locking  range  of  the  overall  divider 
for  six  random-choice  12AX7  tubes. 

The  results  indicate  that  for  each 
tube  there  is  ample  latitude  for  fre- 
quency drift  of  the  oscillators 


around  the  1,800-cycle  midfre- 
quency. 

A frequency  standard  with  60- 
cycle  output  controlled  from  a 
90.72  kc  crystal  is  shown  in  Fig.  5. 
Terminal  connections,  only,  to  the 
phase  - shift  circuit  - blocks  are 
shown.  The  R-C  values,  division 
ratios  and  oscillating  frequencies  of 
the  dividers  are  indicated.  There  is 
one  notable  exception  in  this  design. 
An  inductive  plate  load  is  used  in 
place  of  the  usual  resistive  load  in 
the  first  divider  stage.  The  funda- 
mental frequency  of  this  oscillation 
is  12,960  cycles  with  a 90.72-kilo- 
cycle  seventh  harmonic. 

The  usual  plate-load  resistance  of 
300,000  ohms  together  with  the 
plate-cathode  capacitance  of  the 
tube  reduces  this  harmonic  to  a 
level  where  satisfactory  locking 
cannot  be  obtained.  A 100-milli- 
henry powdered  - iron  - core  induc- 
tance provides  the  necessary  high 
plate  impedance  together  with  suf- 
ficient peaking  effect  to  insure  the 
high-frequency  response  of  the 
stage.  The  use  of  the  inductive 
plate  load  requires  that  the  operat- 
ing point  be  readjusted.  It  was 
done  by  using  a resistance-capaci- 
tance plate-decoupling  filter  and 
eliminating  the  cathode  resistor. 
The  alignment  procedure  for  this 
divider  is  the  same  as  for  the  pre- 
vious one.  In  operation  the  overall 
locking  range  was  12  percent  which 
is  determined  by  the  7-to-l  stage. 


The  voltage  limits  for  satisfactory 
operation  were  200  to  400  volts. 

Experience  with  R-C  and  L-C  os- 
cillators of  various  types  as  fre- 
quency dividers  indicates  the  fol- 
lowing general  requirements : a 
frequency-determining  network  of 
appreciable  Q;  a distortion  element 
that  produces  harmonics;  and  the 
combining  of  the  control  frequency 
with  the  appropriate  harmonic  and 
the  injection  of  the  resultant  into 
the  oscillating  circuit.  The  Q will 
determine  the  locking  range;  the 
lower  the  Q the  broader  will  be  that 
range.  Using  high-Q  oscillating  cir- 
cuits and  good  distortion  elements, 
stable  divisions  by  as  high  as  300- 
to-1  are  possible  in  a single  stage.* 

In  the  divider  described  in  this 
article,  the  phase-shift  network  pro- 
vides the  low-Q  frequency-deter- 
mining element  for  a broad  locking 
range.  The  distortion  is  produced 
in  the  tube  itself.  Control  fre- 
quency and  oscillator  harmonic  are 
combined  at  the  grid  of  the  stage. 
In  this  way  the  phase-shift  oscil- 
lator meets  the  requirements  in  an 
economical  way,  using  a minimum 
of  tubes  and  components. 
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FIG.  5 — ^Divider  system  using  o 90.72-kc  crystal  gives  highly  accurate  60-cycle  output 
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Locked-in  Oscillator  for  TV  Sound 

Electronic  selectivity  gained  with  locked-in  oscillator  provides  ability  to  reject  an  unwanted 
signal  much  greater  than  can  be  obtained  with  tuned  circuits  alone.  Circuits  can  be  used 
with  intercarrier  system  or  21.25-mc  i-f  amplifier 

By  MURLAN  S.  CORRINGTON 


Development  work  on  fre- 
quency-modulation receivers 
has  shown  that  in  order  to  obtain 
certain  desirable  performance  char- 
acteristics it  is  necessary  to  convert 
frequency-modulated  broadcast  sig- 
nals, modulated  in  accordance 
with  present  frequency-modulation 
standards,  to  signals  having  re- 
duced swing  before  they  are  sent 
through  the  discriminator  of  a re- 
ceiver and  converted  to  audio-fre- 
quency signals.  If  the  first  inter- 
mediate frequency  of  a standard 
f-m  receiver  is  10,700  ± 75  kc, 
division  by  five  gives  2,140  ± 15  kc. 

The  locked-in  oscillator  provides 
a simple  method  for  dividing  the 
instantaneous  frequency  by  five. 
The  incoming  signal  voltage  is  ap- 
plied to  the  first  grid  of  a pentagrid 
mixer  tube,  and  the  third  grid  and 
plate  are  connected  in  a regular 
feed-back  oscillator  circuit.  The 
first  grid  serves  to  inject  pulses  of 
current  into  the  plate  circuit  and 
causes  the  oscillator  to  lock  in  at 
one-fifth  the  frequency  of  the 
incoming  signal. 

This  paper  presents  some  im- 
provements on  the  Beers  locked-in 
oscillator  circuit,  and  some  circuits 
for  use  in  f-m  and  television  re- 
ceivers, together  with  a report  of 
field  tests. 

Figure  1 A shows  the  stages  of  the 
limiter-discriminator  type  of  f-m 
receiver,  and  Fig.  IB  shows  how  the 
locked-in  oscillator  circuits  replace 
the  limiter  and  discriminator.  The 
requirements  of  the  preselector, 
converter-oscillator,  i-f  amplifier, 
and  audio  amplifier  are  essentially 
the  same  for  both  circuits. 

There  is  one  operating  difference 
when  receiving  weak  signals.  The 


limiter-discriminator  receiver  can 
receive  a signal  so  weak  that  it 
will  not  operate  the  limiter  and  yet 
give  a usable  output  if  there  are  no 
large  variations  in  the  amplitude  of 
the  incoming  wave.  These  varia- 
tions can  be  caused  by  multipath 
transmission,  by  common  or  adja- 


cent-channel interference  or  by 
excessive  i-f  selectivity. 

The  locked-in  oscillator  is  either 
locked  in  or  it  isn’t;  there  is  no 
intermediate  condition.  If  the  in- 
coming signal  is  too  weak  to  lock 
in  the  oscillator  for  the  full  devia- 
tion, the  oscillator  may  break  out 
at  the  ends  of  the  swing  and  cause 
distortion.  The  receiver  with  the 
locked-in  oscillator  must  have  suffic- 
ient sensitivity  ahead  of  the  locked- 
in  oscillator  to  assure  that  the  input 
to  the  oscillator  is  enough  to  lock-in 
the  oscillator  for  all  signals  to  be  re- 
ceived. The  oscillator  should  prefer- 
ably be  used  with  high-sensitivity 
receivers  since  the  distortion  of  a 
weak  signal  may  be  worse  than  that 
obtained  with  a limiter-discrimi- 
nator or  a ratio-detector  receiver, 
when  receiving  weak  stations  with 
low-sensitivity  receivers. 


Mechanical  Analogy 

Figure  2 shows  a simple  mechan- 
ical analogy  for  the  locked-in 
oscillator.  The  No.  1 and  No.  3 
grids  of  a pentagrid  tube  are  repre- 
sented by  valves  that  open  and  close, 
corresponding  to  the  swings  of  the 
grid  voltages.  The  No.  1 valve  has 


a variable  opening,  corresponding 
to  the  variation  of  the  input  volt- 
age, and  the  No.  3 valve  is  tripped 
once  by  the  flywheel  in  each  cycle. 
This  is  similar  to  the  way  the 
escapement  of  a watch  gives  im- 
pulses to  the  balance  wheel  and 
keeps  it  running. 

It  is  necessary  for  both  valves 
to  be  open  simultaneously  for  a drop 
of  water  (pulse  of  plate  current)  to 
pass.  The  frequency  of  the  drops  is 
determined  by  the  rate  at  which 
the  No.  1 valve  opens  and  closes; 
and  the  size  is  determined  by  how 
wide  the  valves  open  and  how  long 
they  are  open. 

The  curves  in  Fig.  2 show  the 
drop  size  and  frequency  for  each 
grid  separately  and  for  the  two 
together.  When  the  drops  fall  on 
the  spoon  attached  to  the  oscillating 
flywheel,  they  will  lock  in  the  fly- 


FIG.  1 — Stages  of  receiver  employing  a locked-in  oscillator  (B)  compared  to  o con- 
ventional receiver  (A) 
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FIG.  3 — Circuit  and  coil  construction,  of  osciliator  for  intercarrier  sound 


wheel  with  the  falling  drops  and 
maintain  oscillation  as  long  as  the 
frequency  of  the  drops  is  near  the 
resonant  frequency  of  the  flywheel, 
or  an  integral  multiple  of  this 
frequency. 

If  the  rate  of  the  flow  of  drops 
is  increased,  there  will  be  a phase 
shift  between  the  two  valves,  so  the 
resultant  drops  will  not  be  the  same 
size  as  before.  There  may  be  a big 
one  followed  by  a little  one.  If  the 
big  drop  hits  the  spoon  when  it  is 
starting  its  downward  motion,  the 
drop  will  be  in  the  spoon  for  a 
fairly  long  time  and  the  weight  can 
therefore  do  considerable  work  on 
the  wheel  and  thus  will  speed  up 
the  system,  keeping  it  locked  in. 
Likewise  if  the  big  drop  hits  near 
the  bottom  of  the  swing  of  the 
spoon,  it  can  do  only  a small  amount 
of  work  and  the  system  will  slow 
down.  It  is  thus  evident  that  the 
drops  can  lock  in  the  flywheel  over 
a range  of  frequencies  if  the  rela- 
tive phase  of  the  two  valves  is 
adjusted  properly. 

Locking-in  Action 

The  theory  of  the  locking-in 
process  can  be  explained  in  the  fol- 
lowing manner.  In  the  circuit  of 
Fig  3 the  oscillator  is  connected 
with  feedback  from  the  plate  tank 
circuit  to  the  No.  3 grid.  This  os- 
cillator grid  is  operated  with  self 
bias  through  grid  resistor  Ra.  Each 
time  the  grid  voltage  swings  posi- 
tive it  draws  grid  current.  For  an 
intermediate  frequency  of  4,500  kc, 
the  grid  operates  at  one-fifth  of  this 
frequency  or  900  kc. 

The  amplitude  of  the  oscillation 
is  determined  by  the  curvature  of 
the  E,—lf  characteristic  and  is 
usually  so  great  that  the  grid  volt- 
age swings  well  into  the  curved 
parts  of  the  tube  characteristic  dur- 
ing the  cycle.  This  means  that 
pulses  of  plate  current  are  produced 
having  component  frequencies  2(o, 
3(0,  4(1),  . . . where  to  is  the  natural 
frequency  of  the  tuned  plate  circuit 
L2C4.  These  harmonics  are  applied 
to  the  No.  3 grid  through  the 
mutual  coupling.  Additional  har- 
monics are  produced  by  the  grid 


current  pulses. 

When  the  incoming  signal  at 
4,500  kc  is  applied  to  the  tube,  the 
tube  operates  as  a converter  and 
combination  frequencies  will  be 
produced  equal  to  ± 5 rto  ± sto 
when  r and  s = 0,  1,  2,  3, . . . Since 
the  plate  circuit  is  tuned  to  900  kc, 
the  only  frequencies  which  will  be 
amplified  are  those  of  frequency  (o ; 
the  others  are  bypassed  effectively. 
If  r = 1,  then  s = 4 or  6 will  give 
frequency  <0.  Then  the  fourth  and 
sixth  harmonics  of  the  oscillator 
beat  with  the  incoming  signal  to 
produce  the  frequency  <0  in  the 
tank  circuit. 

If  the  incoming  signal  is  not 
exactly  five  times  that  of  the  tank 
circuit,  this  combination  beat  fre- 


quency current  will  not  be  in  phase 
with  the  fundamental  tank  circuit 
current  but  will  be  slightly  out  of 
phase.  The  reactive  component  of 
this  current  will  cause  the  oscil- 
lator to  work  like  a reactance  tube, 
thus  changing  the  frequency  of  the 
tank  circuit  just  enough  to  lock  it 
in.  This  is  equivalent  to  the  opera- 
tion illustrated  by  Figure  2. 

The  maximum  amount  of  re- 
active current  is  produced  when 
all  of  this  beat-frequency  current  is 
90  degrees  out  of  phase  with  re- 
spect to  the  fundamental  tank  cir- 
cuit current.  This  determines  tlie 
ends  of  the  lock-in  range.  If  the 
frequency  of  the  incoming  signal 
is  outside  this  range,  the  oscillator 
cannot  lock  in,  and  the  signal  can- 
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not  be  received.  This  accounts  for 
the  “electronic  selectivity”  of  such 
a circuit;  the  over-all  selectivity  of 
the  circuit  will  be  considerably 
better  than  can  be  obtained  by  the 
tuned  circuits  alone. 

Extending  Lock-in  Range 

Since  the  amount  of  fourth  or 
sixth  harmonic  on  the  oscillator  No. 
3 grid  determines  the  magnitude  of 
the  reactive  current  produced,  the 
lock-in  range  can  be  extended  by 
placing  a parallel  tuned  circuit  in 
series  with  the  No.  3 grid  to  en- 
hance the  required  harmonic.  As 
shown  by  Fig.  4,  this  circuit  is 
tuned  to  the  fourth  or  sixth  har- 
monic of  the  oscillator  tank  circuit 
frequency.  This  harmonic  beats 
with  the  incoming  signal  (5th  har- 
monic) to  produce  the  required 
fundamental  reactive  current. 

Still  greater  range  can  be  ob- 
tained by  detuning  the  tank  circuit 
to  one  side  and  the  No.  3 grid 
parallel  circuit  of  Fig.  4 to  the 
other  side  of  the  center  frequency. 

Another  simple  way  to  extend 
the  range  is  shown  by  Fig.  3.  The 


FIG.  4 — Tuned  circuit  in  series  with 
No.  3 grid  is  adjusted  to  fourth  or  sixth 
harmonic  of  oscillator 


FIG.  5 — Frequency  change  with  vari- 
ation  of  input  oopacitance 


coupled  circuit  L»C,  is  used  to 
broaden  out  the  selectivity  curve 
of  LiCt  and  give  increased  lock-in 
range.  Continuous  variation  of 
selectivity  can  be  obtained  by  ad- 


justing Ra  to  change  the  Q of  the 
circuit  or  by  adjusting  the  mutual 
coupling  between  L,C,  and  LsC*.  In 
case  of  bad  interference  the  selec- 
tivity can  then  be  adjusted  until 
the  lock-in  range  is  barely  enough 
to  accommodate  the  frequency 
swings  of  the  incoming  signal,  thus 
giving  the  highest  signal-to-noise 
ratio. 

If  the  circuits  of  the  load  on  the 
oscillator  are  properly  designed,  it 
is  possible  to  increase  the  lock-in 
range.  The  discriminator  of  Fig.  3 
was  designed  so  that  the  input 
capacitance  of  Idle  circuit  consisting 
of  C«  and  the  discriminator  fall  off 
at  just  the  proper  rate  to  keep  the 
oscillator  in  tune  over  most  of  the 
operating  range.  This  variation 
is  shown  by  Fig.  6.  Care  must  be 
used  to  get  this  load  just  right. 
Other  discriminators,  such  as  the 
Seeley  discriminator,  do  not  have 
the  proper  input  characteristic.  If 
the  decrease  in  capacitance  of  the 
load  is  too  rapid,  so  the  two  curves 
of  Fig.  5 cross  over  at  three  points, 
the  circuit  becomes  unstable  be- 
tween the  two  outer  points.  This 
will  be  evident  during  alignment. 

As  the  oscillator  frequency  is  ad- 
justed, it  changes  smoothly  up  to 
a certain  frequency  and  then  sud- 
denly jumps  to  another  frequency. 
There  is  a range  within  which  it  is 
not  possible  to  tune  the  oscillator 
because  of  the  instability.  Usually 


this  can  be  corrected  by  using  a 
smaller  coupling  capacitor  between 
the  oscillator  and  discriminator,  by 
adding  a small  series  resistor,  or  by 
redesigning  the  discriminator. 

Design  of  Discriminator 

A very  simple  discriminator  is 
used  in  this  system.  In  Fig.  3, 
capacitor  Ct  couples  the  discrim- 
inator to  the  oscillator.  The  tuned 
circuit  LtCj,  together  with  the  in- 
terelectrode capacitance  of  the 
diode  (in  parallel  with  Rt),  forms 
the  discriminator.  At  series  reson- 
ance between  L«  and  the  interelec- 
trode capacitance  of  the  lower  diode, 
a maximum  voltage  appears  across 
this  diode.  At  parallel  resonance  of 
Lt  and  C,  a maximum  of  voltage  ap- 
pears across  the  upper  diode.  The 
result  is  a balanced  discriminator, 
with  the  bandwidth  determined  by 
the  difference  between  the  series 
and  parallel  resonant  frequencies. 

Resistor  R,  controls  the  parallel 
Q of  the  circuit  and  Rj  controls  the 
effective  series  Q.  For  best  linear- 
ity these  two  values  of  Q should  be 
approximately  equal.  But  Rt  will 
therefore  not  necessarily  equal 
since  one  shunts  the  series  capaci- 
tor and  the  other  is  across  the 
entire  circuit. 

Adjustment 

For  the  circuit  of  Fig.  3,  the 
auxiliary  coupled  circuit  L,C,  is 


FIG.  6 — ^Locked-in  oscillator  ior  21.25-iiic  sound  channel.  Coils  Li  and  Li  are  slightly 
orercoupled  and  mounted  in  a separate  shield  con  from  Is 
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tuned  to  the  same  frequency  as  the 
oscillator  tank  circuit  (900  kc)  and 
is  slightly  overcoupled  with  respect 
to  the  circuit,  L2C4.  To  adjust  the 
circuit,  tune  the  oscillator  tank  cir- 
cuit until  the  oscillator  locks  in  with 
an  incoming  frequency-modulated 
signal  from  a signal  generator, 
which  feeds  into  the  i-f  channel  at 
4,500  kc. 

Remove  the  modulation,  leaving 
the  carrier  at  4,500  kc.  Adjust  the 
discriminator  to  zero  balance  by 
connecting  a d-c  voltmeter  from 
either  end  of  Rs  to  ground  and  ad- 
justing Li  until  there  is  no  voltage 
from  Rs  to  ground.  Next  adjust  L2 
until  the  lock-in  range  is  approxi- 
mately S3nnmetrical  about  the 
center  frequency  (900  kc).  Then 
adjust  La  to  extend  the  lock-in 
range  to  the  desired  amount.  A 
slight  readjustment  of  La  may  be 
necessary  for  best  results. 

For  a practical  application  of  the 
circuit,  the  constants  shown  can  be 
used.  The  oscillator  transformer 
can  be  made  from  a standard  i-f 
transformer  (RCA  service  part 
35790)  by  adding  one  pie,  increas- 
ing the  coupling  by  moving  the 
coils  closer  together  and  reconnect- 
ing the  pies.  The  oscillator  tank 
coil  La  is  composed  of  three  pies  in 
series  aiding  and  Li  is  formed  of 
two  pies,  one  on  each  side  of  Lo, 
connected  in  series  aiding.  This 
gives  fairly  tight  coupling  without 
increasing  the  inductance  of  Li  be- 
yond the  allowable  limits.  The  cores 
are  inserted  into  the  coils  as  shown. 

If  the  effective  coupling  between 
La  and  La  is  gradually  increased 
from  some  low  value  by  moving  L, 
closer  to  La  the  lock-in  range  will 
increase  uniformly  until  the  oscil- 
lator begins  to  give  a distorted  out- 
put in  the  middle  of  the  lock-in 
range.  Further  increase  in  coup- 
ling will  cause  the  oscillator  to 
break  out  in  the  middle  of  the  range 
but  not  at  the  ends.  This  gives  a 
simple  means  for  adjusting  the 
lock-in  range. 

The  same  result  can  be  obtained 
by  shunting  La  with  a variable  re- 
sistance, since  a decrease  in  the  Q 
of  La  is  equivalent  to  a decrease  in 


coupling.  Loading  a transformer 
with  resistors  decreases  the  effec- 
tive coupling. 

In  a standard  television  receiver 
with  a sound  i-f  of  21.25  mega- 
cycles, the  locked-in  oscillator  can 
be  simplified  to  that  shown  by  Fig. 
6.  Because  of  the  limited  deviation 
used,  no  circuits  are  needed  to  ex- 
tend the  lock-in  range.  This  cir- 
cuit requires  separate  shield  cans 
for  the  oscillator  and  the  discrim- 
inator. If  it  is  preferred  to  use  a 
single  coil  assembly  and  shield  can. 


the  circuit  shown  in  Fig.  7 is  satis- 
factory. All  three  coils  are  on  the 
same  form  and  can  be  adjusted  with 
the  two  iron  cores. 

Performance  During  Interference 

To  test  the  locked-in  oscillator 
circuit  of  Fig.  6 under  operating 
conditions,  it  was  installed  in  an 
RCA  8T241  television  receiver  in 
place  of  the  amplifier  and  discrim- 
inator in  the  21.25-mc  sound  chan- 
nel. The  lock-in  range  was  approxi- 
mately ± 25  kc  at  0.3-volt  input  to 
the  No.  1 grid  of  the  6BA7,  ± 100 
kc  at  1-volt  input  and  ± 200  kc  at 
5 volts  input. 

The  complete  locked-in  oscillator 
receiver  was  tested  by  connecting 
two  signal  generators  to  the  input 


antenna  terminals,  one  to  represent 
the  desired  signal  and  the  other  to 
represent  the  common-channel  in- 
terfering signal.  The  desired  signal 
was  at  179.75  me  (channel  7)  modu- 
lated with  a deviation  of  ± 22.5  kc 
and  an  audio  repetition  rate  of 
1,000  cycles  per  second.  The  second 
signal  had  the  same  center  fre- 
quency and  deviation  but  an  audio 
rate  of  400  cycles  per  second. 

The  curves  of  Fig.  8 show  how 
the  receiver  completely  suppresses 
the  undesired  signal  until  the  two 


are  almost  equal.  In  the  first  pair 
of  curves  the  desired  signal  was  100 
microvolts,  and  the  undesired  one 
was  gradually  increased  until  it 
equaled  and  then  captured  the  de- 
sired signal.  The  amount  of  400 
and  1,000-cycle  audio  in  the  output 
was  measured  with  a wave  analyzer. 
For  the  input  of  100  microvolts  the 
locked-in  oscillator  barely  had 
enough  signal  to  work,  but  as  the 
level  increased  the  capture  effect 
is  very  pronounced. 

The  curves  show  that  if  the  un- 
desired signal  is  80  percent  of  the 
desired  signal,  for  an  input  of 
10,000  microvolts,  the  400-cycle  note 
is  down  32  db,  while  with  the 
standard  receiver  it  is  only  down  8 
db.  The  final  value  of  the  400-cycle 
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FIG.  7 — ^Altematiye  circuit  ior  21.25  me.  with  all  three  coils  mounted  on  one  form 
and  installed  in  one  shield  con 
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amplitude  is  slightly  higher  than 
that  for  1,000  cycles  because  of  the 
1-db  difference  in  the  76-micro- 
second deemphasis  curve. 

The  practical  meaning  of  this 
test  is  that  if  the  receiver  is  cap- 
able of  suppressing  any  undesired 
carrier  wave  unless  it  is  at  least 
80  or  90  percent  as  strong  as  the 
desired  carrier  wave,  compared  to 
about  30  percent  for  a conventional 
receiver,  the  area  in  which  such  in- 
terference can  occur  is  very  much 
reduced.  Many  areas  where  in- 
tolerable distortion  occurs  in  con- 
ventional receivers  are  completely 
free  from  interference  with  the 
locked-in  oscillator.  Since  even  a 
slight  reduction  in  the  undesired 
signal  will  suppress  it,  it  is  often 
easy  to  use  the  antenna  directivity 
for  this  purpose. 

Comparison  With  Ideal  Receiver 

Since  the  solution  of  the  problem 
of  common-channel  interference, 
where  each  cart'ier  wave  has  sinu- 
soidal frequency  modulation,  is 
known,  it  is  interesting  to  see  how 
close  the  performance  of  the  locked- 
in  oscillator  can  approach  the  math- 
ematical limit  of  performance.  The 
audio  output  from  an  ideal  f-m 
receiver  with  a perfect  limiter  and 


a very  wide  but  linear  discriminator 
is  given  by  the  equation  ’ 

Audio  output 
= Z)i  cos  2irfti  t -|- 
00  00 

fsa  — CO  S = — CO 

C (r,  — ; a,  — ; *,  0^  cos  (ra—s$)  (1) 

where  X = ratio  of  carrier  wave  amplitudes 
Di  = deviation  of  first  carrier  wave 
pi  = audio  repetition  _ rate  of  first 
carrier  wave 

Di  — deviation  oFseoond  carriw  wave 
MS  =s  audio  repetition  rate  of  second 
carrier  wave 

o = 2irMi  t,  P = 2xms  t,  f = time, 

and  the  generalized  C-function  is 
defined  as  follows: 

C (A,  l;  tn,  n;  ®,  $)  = 

00 

Zi  ^ Jkisl)  Jmisn)  COS  ae  (2) 
a = 1 

To  use  available  tables  of  Bessel 
functions,  assume  the  following 
values  of  frequency, 

Di  = 10,000  cps  A/mi  = 25 

Di  = 10,000  cps  Di/fn  = 10 

Ml  = 400  cps 
MS  = 1,000  cps 

When  these  values  are  substituted 
into  Eq.  1,  and  all  combination  fre- 


quencies equal  to±  400  cps  and 
±:  1,000  cps  are  sorted  out  and  com- 
bined, the  results  are 

400-cycle  distortion  =>  800 

y C (lOn  -I-  1,  26;  4n,  10:  x,  0) 

Arf  cydes  per  second  (3) 

n B — 00 

and  the  1,000-cyde  distortion = 2,000 

y C (lOn,  25;  4n  - 1, 10:  *,  0) 

Aj  cydes  per  second  (4) 

n = — CO 

The  C-functions  were  computed,  in 
accord  with  Eq.  2,  and  the  series 
summed  in  accord  with  Eq.  8 and  4. 

Figure  9 shows  the  capture  effect 
to  be  expected  in  an  ideal  f-m  re- 
ceiver under  the  assumed  condi- 
tions. As  the  level  of  the  1,000-cycle 
interfering  carrier  wave  is  raised 
toward  equality  with  the  400-cycle 
wave,  the  amount  of  the  1,000-cycle 
component  in  the  audio  output  rises 
uniformly  from  a value  approxi- 
mately 64  db  down  when  the  ratio 
of  carrier  wave  amplitudes  is  0.1  to 
a point  approximately  37  db  down 
when  the  amplitudes  are  equal.  At 
this  point  the  1,000-cycle  carrier 
wave  suddenly  captures  the  other 
wave,  causing  full  output  at  1,000 
cycles,  and  the  400-cycle  component 
drops  approximately  38  db.  Be- 
yond this  point  the  amount  of 
400-cycle  interference  decreases 
smoothly. 

The  curves  of  Fig.  8 and  9 are 
not  directly  comparable  because  the 
deviation  is  different.  However,  for 
the  higher  signal  levels  the  locked- 
in  oscillator  comes  very  close  to  the 
mathematical  limit  of  performance. 
In  a laboratory  setup,  working  the 
signal  generators  directly  into  the 
i-f  amplifier,  it  is  possible  to  come 
so  close  to  the  ideal  that  a change 
in  level  as  small  as  5 percent  will 
cause  one  signal  to  capture  the 
other  and  almost  completely  sup- 
press the  accompanying  distortion. 

Extensive  field  tests  have  been 
made  to  compare  such  a locked-in 
oscillator  with  other  conventional 
receivers  such  as  the  limiter-dis- 
criminator circuit,  the  intercarrier- 
sound  system  and  the  ratio  detector. 
In  every  case  the  locked-in  oscillator 


FIG.  8 — Ck>mpcirison  of  interference  rejection  of  locked-in  oscillator  and  RCA  8T241 


receiver 
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was  at  least  as  good  as  any  of  the 
others  and  whenever  the  interfer- 
ence was  severe  it  usually  was 
better.  At  times  it  gives  a signal 
almost  free  from  noise  when  the 
other  systems  are  so  distorted  they 
are  unintelligible. 

Conclusions 

It  is  often  desirable  to  convert 
frequency-modulated  signals  hav- 
ing a frequency  deviation  up  to 
±:  75  kc  to  signals  of  reduced  car- 
rier frequency  and  of  reduced  fre- 
quency deviation  before  they  are 
sent  through  the  discriminator  of  a 
receiver  and  converted  to  audio- 
frequency signals.  Division  of  the 
instantaneous  frequency  by  five  re- 
duces normal  maximum  frequency 
swings  from  db  75  kc  to  ± 15  kc. 
Smaller  deviations  are  reduced  in 
proportion.  The  locked-in  oscil- 
lator provides  a simple  and  practi- 
cal means  for  performing  this 
division. 

Since  the  tube  operates  as  an 
oscillator  with  fairly  large  voltages 
on  the  No.  3 grid,  the  grid  voltage 
swings  well  into  the  curved  parts  of 
the  tube  characteristic  and  gener- 
ates harmonics  in  the  No.  3 grid 
circuit.  When  the  division  ratio  is 
five  to  one,  the  fourth  and  sixth 
harmonics  of  the  oscillator  beat 
with  the  incoming  signal  to  produce 
a current  having  a difference  fre- 
quency, which  is  just  equal  to  the 
output  frequency.  When  the  incom- 
ing signal  frequency  is  exactly  five 
times  the  normal  oscillator  fre- 
quency, this  injected  current,  which 
has  the  same  frequency  as  the  oscil- 
lator, is  in  phase  with  the  normal 
plate  current. 

When  the  incoming  signal  fre- 
quency is  increased,  the  injected 
current  lags  the  normal  plate  cur- 
rent and  cancels  part  of  the  leading 
current  through  the  tank-circuit 
capacitor,  thus  effectively  lowering 
the  capacitance  and  raising  the  fre- 
quency of  the  circuit.  This  enables 
the  oscillator  to  remain  locked-in. 
The  maximum  amount  the  incoming 
signal  frequency  can  be  increased 
before  the  oscillator  breaks  out  oc- 
curs when  the  incoming  signal  and 
likewise  the  injected  current  lag  the 


normal  plate  current  by  90  degrees, 
since  this  results  in  maximum  quad- 
rature current. 

In  a similar  way,  when  the  in- 
coming signal  frequency  is  less  than 
five  times  the  normal  plate  circuit 
frequency,  the  injected  current 
leads  the  normal  plate  current  and 
is  thus  equivalent  to  a larger  capaci- 
tor in  the  tank  circuit.  This  lowers 
the  oscillator  frequency  and  enables 
it  to  remain  locked  in.  The  lower 
end  of  the  lock-in  range  is  reached 
when  the  injected  current  leads  the 
normal  plate  current  by  90  degrees. 
The  circuit  thus  behaves  like  a re- 
actance tube  since  it  generates  a 
quadrature  component  in  the  plate 
circuit. 

Self  Bias 

When  the  tube  operates  with  self 
bias  on  the  grid,  the  output  voltage 
from  the  oscillator  is  substantially 
constant  for  large  variations  in  the 
signal  vol^ge.  It  thus  eliminates 
the  need  for  a limiter  in  f-m  re- 
ceivers since  the  incoming  signal 
is  used  only  to  control  the  fre- 
quency of  the  locked-in  oscillator 
and  not  to  produce  a voltage  output. 

It  is  relatively  easy  to  design  the 
external  load  on  the  tank  circuit 
so  the  equivalent  input  capacitance 
decreases  with  increasing  fre- 


FIG.  9 — Copture  effect  in  o theoretically 
ideal  f-m  recelTer 


quency  at  just  the  proper  rate  to 
keep  the  oscillator  in  tune  over  a 
wide  portion  of  the  lock-in  range. 
This  results  in  improved  perform- 
ance and  an  extended  lock-in  range. 
The  L-C  ratio  of  the  tank  circuit 
can  be  adjusted  to  just  match  the 
frequency  discriminator  for  best 
operation. 

When  receiving  a standard  f-m 
signal,  it  is  important  that  the  os- 
cillator have  a lock-in  range  some- 
what greater  than  the  total  swing 
of  the  transmitter.  If  it  does  not, 
slight  mistuning  or  oscillator  drift, 
or  overmodulation  at  the  trans- 
mitter, will  cause  the  oscillator  to 
break  out  at  the  ends  of  the  fre- 
quency swing  and  this  results  in 
disagreeable  distortion. 

It  is  possible  to  obtain  an  ade- 
quate lock-in  range  in  several  ways. 
Proper  match  of  the  discriminator 
to  the  oscillator  is  important,  and 
this  can  be  obtained  by  adjustment 
of  the  L-C  ratio  of  the  tank  circuit, 
by  varying  the  series  coupling  ca- 
pacitor, by  adjustment  of  the  Q of 
the  circuit  in  the  discriminator,  or 
by  the  addition  of  circuits  which 
selectively  control  the  amplitudes  of 
the  harmonics  in  the  oscillator  cir- 
cuit. The  last  method  enables  very 
wide  lock-in  ranges  to  be  obtained. 
With  conventional  tubes,  the  cir- 
cuits should  be  designed  to  supply 
at  least  0.5  to  1.0  volt  on  the  input 
grid. 

Extensive  laboratory  and  field 
tests  show  that  the  performance  of 
the  locked-in  oscillator  comes  very 
close  to  the  mathematical  limit  for 
an  ideal  receiver.  A standard  tele- 
vision receiver  with  such  a sound 
channel  can  suppress  an  interfering 
carrier  wave  less  than  eighty  per- 
cent of  the  desired  wave.  This 
means  that  in  fringe  areas  where 
there  is  considerable  interference 
the  locked-in  oscillator  is  capable  of 
reducing  the  area  of  interference 
considerably.  If  antenna  directiv- 
ity is  also  used,  it  will  be  possible 
to  clear  up  most  cases  of  interfer- 
ence. 

A receiver  with  the  locked-in  os- 
cillator must  have  sufficient  sensi- 
tivity ahead  of  the  locked-in  oscil- 
lator to  assure  that  the  input  to  the 
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oscillator  is  enough  to  lock-in  the 
oscillator  for  all  signals  to  be  re- 
ceived. This  means  that  the  circuit 
should  preferably  be  used  with 
high-sensitivity  receivers  since  the 
distortion  of  a weak  signal  may  be 
worse  than  that  obtained  with  a 
limiter-discriminator  or  a ratio- 
detector  receiver,  when  receiving 
weak  stations  with  low-sensitivity 
receivers. 
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Crystal-conserving  systems  for  precise,  stable  generation  of  r-f  energy  are  analyzed,  with 
details  of  commercial  31-tube  version  using  a single  100-kc  crystal  and  motor-controlled 
afc  to  provide  any  desired  frequency  from  2 to  4.5  me  with  5-ppm  accuracy 


The  STABILITY  of  the  transmit- 
ter and  receiver  in  a commu- 
nication link  plays  an  important 
part  in  the  channel  spacing  of  the 
system.  This  is  shown  in  Fig.  lA, 
which  illustrates  a typical  commu- 
nications receiver  selectivity  charac- 
teristic with  the  receiver  tuned  to 
a voice  channel  at  15  me  and  hav- 
ing 2.5-kc  sidebands  centered  in  the 
selectivity  curve.  Reception  is  con- 
sidered satisfactory  if  receiver  se- 
lectivity does  not  drop  more  than 
6 db  at  the  limits  of  the  sidebands. 
Undue  interference  from  the  adja- 
cent channel  can  be  avoided  even 
when  this  is  a strong  signal  if  the 
attenuation  of  the  adjacent  channel 
is  at  least  60  db.  If  we  assume  a 
selectivity  curve  with  a 3-to-l  shape 
factor,  the  space  to  the  edge  of  the 
adjacent  channel  will  be  7.5  kc,  giv- 
ing rise  to  channels  of  14.990,  15.00, 
and  15.010  me  for  the  example  illus- 
trated. 

If  we  assume  an  instability  of 
100  parts  per  million  (0.01  percent) 
in  the  transmitter  and  receiver  fre- 
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quency-generating  system,  we  have 
the  condition  shown  in  Fig.  IB. 
Here  the  transmitted  frequency  is 
assumed  to  have  drifted  higher  and 
the  receiver  local  oscillator  lower, 
or  vice  versa,  broadening  the  re- 
quired selectivity  characteristic. 


Of  course,  when  transmitter  and 
receiver  drifts  are  in  opposite  di- 
rections the  effects  are  reduced  and 
approach  the  condition  of  Fig.  lA. 

To  allow’  for  the  maximum  devia- 
tion of  the  channel  within  the  se- 
lectivity characteristic,  a band- 


14990  15.000  15.010  14.9795  15000  15.0205 

MC  MC  MC  MC  MC  MC 


(A)  (B) 


FIG.  1 — Example  illustrating  how  transmitter  and  receiver  frequency  instability 
increase  the  spacing  required  between  communication  channels 
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width  of  11  kc  is  required  at  the 
6-db  points  of  Fig.  IB.  With  a 
shape  factor  of  3 to  1,  this  results 
in  a skirt  selectivity  at  the  60-db 
point  of  16.5  kc  which,  when  added 
to  the  2.5-kc  sideband  and  the 
1.5-kc  instability  assumed  for  the 
adjacent  channel,  calls  for  a chan- 
nel spacing  of  20.5  kc  or  channels 
centered  on  14.9795,  15.0000  and 
15.0205  me.  This  shows  the  in- 
creased channel  spacing  and  conse- 
quent reduction  in  the  number  of 
available  channels  due  to  instabili- 
ties in  transmission  and  reception. 

Oscillator  Stability 

The  crystal  oscillator  provides  a 
satisfactory  answer  to  the  stability 
problem  for  many  applications. 
During  World  War  II,  however, 
military  forces  found  that  it  was 


for  1.5  to  1 tuning  ratio.  Recent  de- 
velopments with  temperature  con- 
trol indicate  that  stabilities  in  the 
order  of  200  parts  per  million  will 
be  attainable  in  the  near  future. 

The  present  state  of  the  crystal 
oscillator  art  indicates  that  within 
the  range  0 to  50  C,  a tolerance  of 
30  parts  per  million  is  possible.  Use 
of  a crystal  oven  reduces  this  to 
about  3 parts  per  million.  Commer- 
cially available  laboratory  100-kc 
standards  are  available  with  long- 
term stabilities  of  about  0.1  parts 
per  million.  About  the  ultimate  in 
stability  is  that  of  the  Bureau  of 
Standards  radio  station  WWV, 
which  is  0.02  parts  per  million. 

With  a master  oscillator,  equip- 
ment can  be  adjusted  to  a multi- 
plicity of  frequency  channels,  while 
the  crystal  oscillator  is  limited  to 


signals.  In  the  descriptions  to  fol- 
low, the  frequency  values  . are 
chosen  for  ease  of  explanation  and 
may  not  be  ideal  from  the  stand- 
point of  spurious  output. 

As  indicated  in  Fig.  2,  a crystal 
oscillator  and  tap  switch  provide 
stable  crystal-controlled  frequen- 
cies from  10.2  to  12.2  me  spaced 
every  0.1  me.  The  selected  signal 
is  fed  through  an  isolation  ampli- 
fier and  bandpass  filter  to  a mixer 
for  combining  with  the  output  of 
another  multicrystal  oscillator  that 
provides  frequencies  spaced  0.01  me 
in  the  range  of  8.200  to  8.110  me. 
The  difference  frequency  as  se- 
lected in  a tuned  amplifier  yields 
an  output  of  2 to  4 me. 

This  system  is  readily  adaptable 
to  a direct-reading  frequency  dial 
in  which  megacycles  and  tenths  of 


2.000- 4.000  MC 
200  STEPS 


FIG.  2 — Synthesis  of  desired  frequency  by  mixing  out- 
puts of  two  multicrystal  oscillators 


TUNING 

DIAL 


2.000  -4.000  MC 
CALIBRATED  TO  10  KC 


FIG.  3 — Superheterodyne  method  using  single  crystal,  harmonic  am- 
plifier and  vfo 


strategically  unwise  to  be  bound  to 
a single  channel  or  even  a moderate 
number  of  channel  frequencies.  Ac- 
cordingly, interest  in  variable-fre- 
quency master  oscillators  and  other 
multifrequency  generating  schemes 
was  renewed. 

With  increased  development  of 
temperature-compensating  capaci- 
tors and  stable  permeability-tuning 
cores,  it  was  possible  to  maintain 
the  temperature  and  calibration  ac- 
curacy of  a variable-frequency  os- 
cillator without  temperature  con- 
trol to  within  400  parts  per  million 


just  a single  frequency  of  opera- 
tion or  a multiple.  A system  is 
needed  that  combines  the  accuracy 
of  the  crystal  oscillator  with  the 
versatility  of  the  master  oscillator. 
This  paper  will  describe  several 
systems  which  provide  this  desired 
end  effect. 

Multicrystal  System 

A method  which  has  been  used 
on  the  Collins  51R  navigation  re- 
ceiver involves  synthesis  of  the  de- 
sired output  frequency  through  ad- 
dition of  a number  of  stable  input 


a megacycle  are  indicated  by  a dial 
connected  to  the  first  tap  switch, 
and  10-kc  increments  are  indicated 
by  a dial  connected  to  the  second 
crystal  tap  switch.  At  each  position 
of  the  first  tap  switch  there  are 
available  ten  different  output  fre- 
quencies depending  upon  the  posi- 
tion of  the  second  tap  switch,  so  the 
system  illustrated  provides  200 
10-kc  steps  in  the  range  of  2 to  4 
me.  This  output  can  be  multiplied 
as  desired  to  provide  transmitter 
excitation  or  receiver  injection. 

The  disadvantage  of  the  system 
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is  that  it  has  certain  spurious  out- 
put frequencies  and  a stability 
which  is  less  than  with  direct  crys- 
tal control  because  the -source  crys- 
tals are  higher  in  frequency  than 
the  available  output  from  the  gen- 
erator. 

Superheterodyne  System 

The  foregoing  system  requires  a 
large  number  of  crystals  (30  for 
200  output  channels).  This  is  a 
disadvantage  which  can  be  avoided 
through  the  use  of  the  circuit  of 
Fig.  3.  Here  a 100-kc  crystal  oscil- 
lator of  high  stability  is  subdivided 
to  10  kc  with  a multivibrator  or 
regenerative  divider.  The  resulting 
highly  accurate  10-kc  signal  is  then 
fed  into  a harmonic  amplifier  that 
produces  a spectrum  of  frequencies 
spaced  10  kc  apart  in  the  range  of 
2 to  4 me. 

The  desired  output  frequency 
could  be  selected  from  the  harmonic 
amplifier  with  sharp  filters  and  a 
variable-frequency  amplifier  but  it 
is  quite  difficult  to  secure  the  desired 
rejection  at  the  output  frequency  in 
this  way.  Instead,  an  ingenious  ap- 
plication of  the  superheterodyne 
principle  is  used  to  secure  the  de- 
sired selectivity  for  selecting  and 
amplifying  the  desired  harmonic  to 
get  essentially  single-frequency  out- 
put. In  this  method  (devised  by 
M.  L.  Doelz — U.  S.  Patent  No. 
2,445,664) , a 2.4  to  4.4-mc  oscillator 
is  fed  into  a mixer  together  with 
the  output  from  the  harmonic  am- 
plifier, yielding  a spectrum  centered 
on  400  kc.  A highly  selective  400-kc 
i-f  amplifier  can  be  built  yielding 
attenuation  of  up  to  100  db  or  more 
for  the  adjacent  undesired  channel. 
Output  of  the  2.4  to  4.4-mc  vari- 
able-frequency oscillator  is  also  fed 
into  a second  mixer  along  with  the 
400-kc  i-f  output  signal.  The  differ- 
ence frequency  is  used  here  to  give 
the  desired  output  in  the  range  of 
2 to  4 me. 

The  frequency-indicating  dial, 
which  controls  the  tuned  circuits  of 
the  variable-frequency  oscillator 
and  tuned  amplifier,  is  calibrated 
from  2 to  4 me  in  200  ten-kc  steps. 
If  desired,  the  harmonic  amplifier 
can  be  made  a bandpass  circuit  to 


eliminate  the  necessity  for  tuning. 
The  tuned  output  amplifier  must 
have  several  tuned  circuits  of  high 
selectivity  to  eliminate  the  oscilla- 
tor injection  frequency  and  the  sum 
frequency. 

AFC  Oscillator  System 

The  system  just  described  has  the 
advantage  of  providing  a multitude 
of  output  channels  with  only  a 
single  crystal,  but  has  a disadvan- 
tage of  requiring  a high  degree  of 
selectivity  to  eliminate  spurious 
output  which  might  be  radiated  by 
the  transmitter  and  cause  undesired 
responses  when  used  for  further  in- 
jection. Using  the  master  variable- 
frequency  oscillator  directly,  with  a 
servo-motor  automatic  frequency 
control  for  the  oscillator  as  in  Fig. 
4,  avoids  some  of  these  spurious 
output  frequencies  and  hence  offers 
advantages  over  the  foregoing 
methods. 

In  the  afe  method,  the  frequency 
control  element  is  again  a 100-kc 
crystal  oscillator.  This  stable  source 
frequency  is  subdivided  to  10  kc 
with  a multivibrator  or  other  fre- 
quency division  method.  The  result- 
ing 10-kc  signal  is  fed  into  a har- 
monic amplifier  having  a range  of 
1.2  to  3.2  me.  The  harmonic  ampli- 
fier output  is  fed  into  the  first 
mixer  together  with  the  output 
from  a 2 to  4-mc  master  oscillator. 

The  output  of  the  first  mixer  is  a 
series  of  signals  spaced  10  kc  and 
centered  on  800  kc.  The  selectivity 
of  the  800-kc  i-f  amplifier  is  suffi- 
cient to  reject  the  undesired  sig- 
nals at  790  and  810  kc. 

The  output  of  the  800-kc  i-f  am- 
plifier is  fed  into  two  mixers  which 
also  receive  a frequency  of  800  kc 
derived  from  the  100-kc  crystal  os- 
cillator. One  800-kc  injection  is 
shifted  90  degrees  in  a phase 
shifter.  The  resulting  audio  beat 
note  from  the  beat  detector,  when 
the  i-f  amplifier  is  not  centered  on 
800  kc,  is  also  shifted  90  degrees, 
producing  audio-frequency  voltages 
in  quadrature  that  operate  a two- 
phase  servo  motor  after  amplifica- 
tion. 

The  output  shaft  of  the  servo  mo- 
tor drives  a small  trimmer  capaci- 


tor that  adjusts  the  master  oscilla- 
tor to  coincidence  with  a selected 
spectrum  point.  The  motor  receives 
beat-frequency  voltage  of  the  proper 
phase  to  correct  the  master  oscilla- 
tor to  the  desired  zero  beat  condi- 
tion as  heterodyned  to  800  kc. 

The  stability  of  the  master  vari- 
able-frequency oscillator  must  be 
such  as  to  insure  that  it  is  within 
5 kc  of  the  indicated  frequency, 
after  which  the  afe  system  will 
select  the  desired  spectrum  points 
and  adjust  the  oscillator  so  that  its 
frequency  is  identical  with  the 
stable  spectrum  point  within  the 
limitations  of  the  servo  system.  The 
a-f  amplifiers  must  respond  essen- 
tially down  to  zero  frequency  to  get 
precise  control. 

It  is  not  necessary  to  use  a motor- 
controlled  afe  to  secure  correction 
of  the  master  oscillator.  A discrim- 
inator and  reactance  tube  can  also 
be  used  for  this  purpose.  However, 
the  correction  motor  method  has 
the  advantage  of  moderate  stability 
in  the  event  of  failure  of  the  servo 
system,  while  failure  of  the  reac- 
tance tube-discriminator  system  re- 
sults in  erratic  or  uncontrolled 
operation. 

Commercial  AFC  Version 

An  example  of  a commercially 
available  stabilised  master  oscilla- 
tor is  the  Collins  708A-2,  which  pro- 
vides a stabilized  frequency  in  the 
range  of  2 to  4.5  me.  The  output 
frequency  is  controlled  by  an  inter- 
nal or  external  100-kc  source.  The 
setup  accuracy  and  stability  of  the 
desired  output  frequency  is  ±5 
parts  per  million  for  variations  in 
temperature  from  0 to  50  C and 
wide  ranges  of  humidity.  An  auto- 
tune arrangement  provides  auto- 
matic tuning  so  that  any  one  of  ten 
preset  output  frequencies  can  be  se- 
lected at  will  from  a remote  selec- 
tor switch.  Sufficient  voltage  is 
available  at  the  output  terminals  to 
excite  the  early  stages  of  a trans- 
mitter or  to  serve  as  local  oscilla- 
tor injection  for  superheterodyne 
receivers. 

The  block  diagram  in  Fig.  5 in- 
dicates the  operating  frequencies 
of  the  subunits.  The  master  oscilla- 
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tor  operates  in  the  range  of  1 to  1.5 
me  and  is  multiplified  by  2 or  by  3 
to  yield  output  in  the  range  of  2.0 
to  3.0  me  or  3.0  to  4.5  me  to  a final 
amplifier  stage. 

The  100-ke  standard,  using  a 
highly  stable  temperature-eon- 
trolled  erystal,  acts  as  an  external 
frequency  standard  if  desired.  This 
crystal  oscillator  also  feeds  into  two 
cascaded  fiip-fiop  or  scale-of-two  di- 
viders, resulting  in  output  at  25  kc 
accurately  controlled  by  the  100-kc 
source.  An  auxiliary  output  of  450 
kc  is  available  for  beat-frequency 
injection  when  the  stabilized  master 
oscillator  is  used  in  conjunction 
with  a communications  receiver. 

The  desired  harmonic  of  25  kc 
is  selected  in  a tuned  harmonic  am- 
plifier in  the  range  of  9.125  to 
21.625  me  and  is  fed  into  a first 
mixer  together  with  the  10th  or 
15th  harmonic  of  the  master  oscil- 
lator in  the  range  10  to  22,5  me. 
The  resulting  intermediate  fre- 
quency is  in  the  range  of  875  to  900 
kc.  An  output  tuning  dial  simultan- 
eously tunes  the  harmonic  amplifier 
and  the  multipliers.  The  frequency 
which  is  fed  into  the  first  i-f  ampli- 
fier is  dependent  upon  the  relative 
position  of  the  master  oscillator 
harmonic  in  the  25-kc  spectrum  as 
related  to  the  output  from  the  har- 
monic amplifier.  Every  integral  5-kc 
point  on  the  master  Oscillator  dial 
produces  frequencies  of  875  and  900 
kc  in  the  first  i-f  amplifier.  These 
5-kc  points  are  considered  base  or 
reference  points  to  which  the  inter- 
polation control  reading  is  added. 
Master  oscillator  settings  between 
these  5-kc  points  result  in  an  i-f 
value  somewhere  between  875  and 
900  kc. 

The  first  i-f  amplifier  output  is 
fed  into  a second  mixer,  together 
with  the  output  from  an  in- 
terpolation oscillator  subdivided 
by  a factor  of  eight  in  three 
scale-of-two  dividers.  Since  the 
output  of  the  interpolation  di- 
vider is  high  in  harmonic  content, 
it  must  be  filtered  before  it  is  fed 
into  the  second  mixer. 

The  output  of  the  second  mixer  is 
at  800  kc  for  zero  error,  and  the 
bandwidth  of  the  second  i-f  ampli- 


fier is  sufficient  to  include  only  the 
variation  in  frequency  due  to  error 
in  the  system.  The  output  of  the  sec- 
ond i-f  amplifier  is  divided  by  eight 
in  a regenerative  divider  and  fed 
into  diode  mixers  where  it  is  com- 
pared with  a 100-kc  signal  derived 
from  the  crystal  standard.  One  of 
the  fixed-frequency  input  signals  is 
shifted  90  degrees  before  it  is  fed 
into  the.  diode  mixer,  so  that  audio 
voltages  are  in  quadrature. 

Further  amplification  following 
the  diode  mixers  provides  two-phase 


power  ‘to  an  afe  motor  connected  to 
a trimmer  capacitor  across  .the  mas- 
ter oscillator  tank  circuit.  When 
the  frequency  of  the  master  oscil- 
lator is  the  desired  value  as  in- 
dicated by  its  dial  plus  the  fre- 
quency indicated  on  the  interpola- 
tion oscillator  dial,  a zero-beat  con- 
dition exists  between  the  divided 
output  of  the  second  i-f  amplifier 
and  the  100-kc  standard.  If  an  error 
I is  present  in  the  setting  of  the  mas- 
ter oscillator,  or  if  it  has  drifted 
due  to  a change  in  ambient  tempera- 


FIG.  4 — Superheieiodyne  system  ▼ariotion  using  senro-motor  erfe,  with  output 
frequency  furnished  directly  by  master  varioble-frequency  oscillator 


FIG.  5 — Commerdol  yersion  of  stobilised  master  oscillator  system  of  Fig.  4 
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ture  or  other  service  'conditions,  a 
two-phase  audio  beat  note  is  ap- 
plied to  the  afc  motor,  bringing 
about  rotation  in  such  a direction 
as  to  reduce  this  beat  note  to  zero 
and  thus  correct  the  master  oscilla- 
tor frequency  to  the  exact  desired 
value  plus  or  minus  the  servo,  100- 
kc  standard  and  interpolation  oscil- 
lator errors. 

Since  it  is  difficult  to  secure  a 
tuning  motor  which  will  follow  a 
wide  range  of  audio  beat  frequen- 
cies, the  error-voltage  frequency  of 
the  master  oscillator  harmonic  is 
divided  by  a factor  of  eight  before 
comparing  it  to  the  frequency 
standard.  This  provides  pull-in 
operation  of  the  afc  motor  over  a 
range  eight  times  as  wide  as  would 
be  the  case  in  directly  comparing 
the  oscillator  with  a reference  fre- 
quency. This  deteriorates  the  accu- 
racy of  control  at  very  low-fre- 
quency beat  notes,  but  in  the  com- 
mercial version  of  this  system  the 
motor  is  responsive  to  applied  volt- 
ages having  a frequency  as  low  as  a 
few  cycles  per  second  so  the  result- 
ing error  is  quite  small. 

The  motor  is  a four-pole  two- 
phase  instrument-type  motor  with 
a high-resistance  squirrel-cage  ro- 
tor. The  motor  operates  with  an 
applied  voltage  up  to  400  to  500  cps, 
which  allows  a pull-in  range  at  the 
comparison  frequency  of  from  3,200 
to  4,000  cps. 

If  greater  accuracy  is  required,  a 
100-kc  standard  voltage  can  be  de- 
rived from  an  external  source  to  re- 
duce the  error  from  ±2  parts  per 
mi’lion  as  contributed  by  the  inter- 
nal crystal-controlled  oscillator  at 
100  kc  to  a value  of  as  low  as  0.1 
part  per  million  using  the  best 
available  laboratory  standards. 

It  is  interesting  to  note  the  con- 
tribution of  the  interpolation  os- 
cillator to  the  frequency  stability 
of  the  system.  The  output  of  the 
interpolation  oscillator  is  divided 
by  eight  and  then  compared  to  the 
master  oscillator  at  a frequency 
which  is  always  five  times  the  out- 
put frequency  of  the  stabilized  mas- 
ter oscillator.  Thus  the  error,  in 
cycles,  at  the  output  of  the  inter- 
polation oscillator  is  divided  by  a 


factor  of  40  as  referred  to  the  out- 
put frequency  of  the  instrument. 
Since  the  tuning  ratio  of  the  in- 
terpolation oscillator  is  small,  its 
stability  is  such  that  it  does  not 
contribute  more  than  one  to  two 
parts  per  million  to  the  output  in- 
accuracy. 

Perhaps  the  best  method  of  indi- 
cating the  operation  of  the  stabi- 
lized master  oscillator  equipment  is 
to  give  examples  of  the  frfequencies 
present  at  the  different  circuits  for 
several  values  of  output  frequency. 
In  Table  I,  example  A shows  the  re- 
sult of  operation  on  a 5-kc  point  of 
the  master  oscillator.  Example  B 
indicates  a frequency  displaced 
from  a 5-kc  point  by  2,170  cps.  It 
should  be  borne  in  mind  that  the 
interpolation  oscillator  dial  covers 


the  range  0 to  5 kc.  Because  of  this 
the  base  frequency,  to  which  the  in- 
terpolation dial  reading  must  be 
added,  changes  every  5 kc  on  the 
main  dial.  Therefore,  to  tune  to 
3.517170  me.  the  master  oscillator 
would  be  set  above  the  3.515  point 
and  the  interpolation  dial  again 
would  read  2,170  kc. 

Example  C corresponds  to  Ex- 
ample B except  that  here  an  error 
of  300  cycles  is  assumed  at  the  out- 
put frequency  of  the  equipment. 
This  example  indicates  the  error 
voltages  present  in  the  various 
parts  of  the  equipment  and  shows 
the  beat  frequency  applied  to  the 
tuning  motor. 

Circuit  Details 

The  100-kc  crystal-controlled  os- 


FIG.  6 — Crystal  oscillator  that  determines  accuracy  oi  output  frequency  generated 
by  ofc-stobilized  Tarioble-frequency  oscillator 


FIG.  7 — Serro-motor  control  circuit.  Audio  beat  frequency  produced  by  error  in 
master  Tarioble-frequency  oscillator  is  omplified  to  drive  motor  that  retunes  vfo  until 
beat  frequency  disappears 
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cillator  used  as  a frequency  stand- 
ard is  shown  in  Fig.  6.  A switch 
allows  the  substitution  of  an  exter- 
nal 100-kc  source,  in  which  case  the 
left-hand  section  of  the  dual  triode 
functions  as  an  r-f  amplifier  feed- 
ing succeeding  stages  of  the  equip- 
ment. The  parallel-tuned  L-C  circuit 
serves  to  trap  out  a spurious  mode 
present  in  some  100-kc  crystals.  A 
6AK5  triode-connected  amplifier 
serves  as  an  isolating  stage  between 
the  100-kc  oscillator  and  the  50-kc 
divider.  The  divider  has  the  advan- 
tage of  fail-safe  operation,  wherein 
there  is  no  spurious  output  if  the 
100-kc  source  fails. 

The  heart  of  the  entire  stabilized 
master  oscillator  is  the  hermetically 
sealed  variable-frequency  oscillator 
using  a powdered  iron  core  traveling 
within  a solenoid  coil,  with  variable 
space  between  turns  to  secure  a 
linear  relationship  between  fre- 
quency and  dial  rotation.  By  her- 
metically sealing  the  oscillator  and 
rotating  the  shaft  through  a pres- 
sure-tight seal,  it  is  possible  to 
secure  calibration  and  temperature 
stability  of  ±800  cycles  at  the  fund- 
amental frequency  of  the  oscillator. 
Temperature  compensation  is  ac- 
complished by  using  ceramic  capaci- 
tors with  the  desired  temperature 
coefficient  and  by  appropriate  de- 
sign of  the  tank  coil.  Final  produc- 
tion linearity  adjustment  is  realized 
with  an  adjustable  cam  that  com- 
pensates for  manufacturing  varia- 
tions in  the  coil  and  core.  The  inter- 
polation oscillator  has  the  same 
physical  characteristics  and  differs 
only  in  the  resonant  circuit  compo- 
nents. 

AFC  Motor  Control 

The  motor  control  circuits  are 
quite  interesting.  The  output  of  the 
800-kc  second  i-f  strip  is  subdivided 
in  a regenerative  divider  and  then 
fed  into  6AL5  diodes  along  with  the 
output  from  the  100-kc  amplifier,  as 
shown  in  Fig.  7.  Loosely  coupled  res- 
onant circuits  in  Ti  provide  a 90- 
degree  phase  shift  in  the  100-kc 
reference  voltage  so  that  push-pull 
two-phase  a-f  voltage  is  fed  into  the 
2C51  d-c  amplifiers.  These  in  turn 
drive  5686  beam  tetrode  tubes  that 


serve  as  power  amplifiers  feeding 
the  two  windings  of  the  afc  motor 
in  push-pull.  The  push-pull  arrange- 
ment is  used  to  eliminate  d-c  flux 
in  the  motor  windings.  Only  the 
flux  due  to  the  beat-frequency  volt- 
age drives  the  armature.  Relay  con- 
tacts, not  shown,  connect  the  motor 
windings  to  60-cycle  power  for  ini- 
tial tuning  of  the  equipment. 

In  tuning,  a setup-operate 
switch  is  thrown  to  the  SETUP  posi- 
tion, which  drives  the  afc  motor 
and  capacitor  to  a centered  position 
and  disables  the  motor  control  cir- 
cuits. The  master  oscillator  dial  is 
then  set  to  frequency  as  closely  as 
possible.  The  interpolation  oscilla- 
tor dial  is  adjusted  to  indicate  the 
frequency  increment  to  be  added  to 
the  5-kc  point  next  below  the  de- 
sired frequency  and  an  output  tun- 


ing dial  is  set  to  the  correct  posi- 
tion as  indicated  on  a direct-read- 
ing dial.  A headphone  jack  across 
the  motor  control  circuits  provides 
aural  indication  of  the  accuracy 
with  which  the  master  oscillator  is 
adjusted.  If  a fairly  low  beat  note 
is  heard  (0  to  400  cps),  the  adjust- 
ment of  the  master  oscillator  is 
sufficiently  accurate  for  afc  opera- 
tion. If  not,  further  adjustment  of 
the  master  oscillator  dial  will  yield 
a low  beat  note  suitable  for  afc  con- 
trol. The  switch  is  then  thrown  to 
OPERATE,  which  restores  the  motor 
control  circuits.  The  motor  then 
operates  under  control  of  the  beat- 
frequency  signal  and  rapid  correc- 
tion of  the  master  oscillator  fre- 
quency occurs.  Thereafter  the  fre- 
quency of  the  master  oscillator  is 
under  continuous  surveillance  so 


Table  I — Three  Examples  of  Frequencies  Present  in  Stabilized 
Master  Oscillator  System 


100  kc 

Divider 

Har- 

1st 

1st 

2nd 

2nd 

R^n 

Motor 

stand- 

out- 

monic 

mixer 

I-F 

mixer 

I-F 

dividers 

fire- 

ard 

put 

amp 

kc 

amp 

kc 

amp 

kc 

quency 

me 

kc 

kc 

cps 

A 

100  kc 

25  kc 

16.600 

900 

875 

800 

100 

0 

16.625 

875 

900 

800 

16.650 

850 

825 

etc 

etc 

B 

100 

25 

16.650 

910.85 

885.55 

800 

800 

100 

0 

16.675 

885.85 

16.700 

860.85 

C 

100 

25 

16.650 

862.35 

887.35 

801.5 

801.5 

100.1875 

187.5 

16.675 

887.35 

Af= 

Af= 

Af  = 

16.700 

912.35 

+1,500 

+1,500 

+187.5 

cps 

cps 

cps 

1 

Output 

fireq 

me 

MO 

dial 

fireq 

me 

MO 

fireq 

me 

Multi- 

plier 

XIO  X15 
me 

Interpol 

divider 

kc 

Interpol 

osc 

fireq 

kc 

Interpol 

dial 

kc 

A 

3.500000 

3.500 

1.166666 

17.500000 

A 

75.00 

600 

0.000 

B 

3.512170 

3.512 

1.170723 

17.560850 

B 

85.85 

686.8 

2170 

C 

3.512470 
Af  = 
300  cps 

3.512 

1.170823 
Af» 
+100  cps 

17.562350 

Af= 

+1,500 

eps 

C 

i 

85.85 

686.8 

2170 

382 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


that  it  is  constantly  corrected  for 
thermal,  humidity  or  voltage  effects. 

The  31  tubes  used  in  this  circuit 
might'  appear  excessive  until  it  is 
realized  that  the  accuracy  of  ad- 
justment and  the  stability  after 
adjustment  of  this  frequency  gener- 


ator are  far  in  excess  of  that  ob- 
tained previously  in  variable-fre- 
quency oscillators.  A decided  advan- 
tage of  this  method  is  that  failure 
of  the  afc  circuits  does  not  neces- 
sarily destroy  the  usefulness  of  the 
system.  Only  three  tubes  are  essen- 


tial for  operation  as  a normal  mas- 
ter oscillator-power  amplifier  with 
moderate  stability. 

The  writer  wishes  to  express  his 
appreciation  to  R.  T.  Cox  for  sug- 
gesting the  basic  system  used  in  the 
stabilized  master  oscillator. 


Constant-Amplitude  Oscillator 


For  many  applications  it  is  desir- 
able to  have  a source  of  r-f  volt- 
age which  remains  reasonably  con- 
stant in  spite  of  changes  in 
tube  parameters,  supply  voltage, 
heater  voltage  and  load  imped- 
ances. Adjustable-frequency  oscil- 
lators should  be  stabilized  against 
changes  arising  from  variations  in 
component  parts  and  circuit  react- 
ances. 

In  the  past,  several  systems  have 
been  devised  to  stabilize  oscillators, 
including  a modified  avc  system  and 
fixed-level  clipper  circuits.  The  avc 
system  is  ineffective  in  stabilizing 
class-C  oscillators  because  of  the 
self-biasing  feature  of  such  oscil- 
lators. 

The  fixed-level  clipper  has  a 
strong  harmonic  content  in  the  out- 
put waveform.  This  effect  can  be 
reduced  by  adding  a second  reson- 
ant circuit  after  the  clipper,  re- 
sulting in  increased  output  imped- 
ance and  attendant  circuit-tracking 
difficulties. 

The  oscillator  to  be  'described 
does  not  suffer  from  the  foregoing 
difficulties  to  any  appreciable  ex- 
tent. It  offers  the  advantage,  in 
application  to  oscillators  which  are 
adjustable  over  a wide  frequency 
range,  of  tending  to  maintain 
Miller  effect  capacitance  constant 
by  keeping  the  apparent  grid-plate 
gain  of  the  oscillator  reasonably 
constant.  Oscillator  frequency  cali- 
bration drift  is  minimized  by  main- 
taining the  tube  input  and  output 
capacitances  practically  constant. 
Clipping  of  the  output  waveform 
is  reduced  to  very  low  levels.  The 
only  clipping  that  occurs  is  due  to 


By  NORRIS  C.  HEKIMIAN 

the  diode  across  the  output. 

The  circuit  arrangement  as  shown 
in  Fig.  1,  is  essentially  that  of  a 
conventional  oscillator  followed  by 


FIG.  1 — Clomped  oscillator  circuit 


a diode  across  the  output  terminals. 
The  diode-rectified  output  is  applied 
to  a biased  control  or  clamper  tube 
sharing  the  same  plate-dropping  re- 
sistor with  the  oscillator. 

With  the  clamper  initially  biased 
in  the  region  of  plate  cut-off,  the 
rectified  oscillator  output  is  ap- 
plied as  a positive  voltage  to  the 
control  tube  grid.  When  the  oscil- 
lator output  voltage  reaches  a suffi- 
ciently high  level,  the  clamper 
draws  plate  current  and  reduces  the 
oscillator  plate  voltage,  thus  drop- 
ping the  voltage  to  a relatively 
fixed  level. 

Normally,  the  bias  voltage  is 
adjusted  so  that  the  control  tube 
is  always  slightly  conductive  at 
the  minimum  level  of  oscillator  volt- 
age anticipated  so  that  positive  con- 
trol action  is  had  at  all  times.  Un- 
der these  conditions.  Fig.  2,  the 
best  regulating  characteristics  are 
obtained  with  as  large  a value  of 
i?B  as  is  practical  to  obtain  the 
desired  output  voltages. 

Figure  3 shows  the  controlling 


effect  of  El,  upon  the  output  volt- 
age. The  bias  voltage  supply  for  £7* 
should  be  of  low  impedance  to 
maintain  constant.  In  the  test 
model  of  the  constant-amplitude 
oscillator,  Ei,  was  obtained  from 
batteries  with  internal  resistances 
of  about  6 ohms. 

In  Fig.  1,  Cl  is  a frequency-shift- 
ing trimmer  and  L,  is  a crystal- 
peaking  coil  employed  when  using 
a fifth  overtone  crystal  (30  me), 
the  particular  application  for  which 
the  constant-amplitude  oscillator 
was  developed.  Coil  Li  resonates 
at  the  crystal  frequency  with  the 
circuit  capacities  shown. 


FIG.  2 — Oscillator  characteristic  curves 
for  different  values  of  voltage-dropping 
resistonce 


Figures  2 and  3 illustrate  the 
output  amplitude  stability  obtained 
when  the  supply  voltage,  the  bias 
voltage  on  Vs  and  plate-resistor  Rs 
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are  varied.  Constancy  of  ampli- 
tude versus  supply  voltage  is  easily 
measured  and  reflects  to  some  ex- 
tent tl:ie  increased  stabilization 
against  tube  parameter  changes. 

While  it  is  possible  to  analyze 
graphically  the  constant-amplitude 
oscillator  circuit,  it  is  necessary 
to  obtain  at  least  one  oscillator 
characteristic  to  do  so.  In  most 
cases  it  may  be  advisable  to  de- 
termine circuit  values  roughly  and 
then  adjust  the  actual  oscillator  for 
optimum  operation.  In  practice  the 
output  voltage  is  determined  largely 
by  the  bias  voltage  S'*,  as  shown  in 
Fig.  3,  with  Rs  adjusted  for  satis- 
factory regulation.  Care  should  be 
taken  to  allow  for  sufficient  dissi- 
pation in  Rs.  A power-type  resistor 
is  generally  necessary. 

Improved  clamping  may  be  ob- 


FIG.  3 — Oscillotor  characteristic  curves 


tained  by  certain  circuit  modifica- 
tions. By  employing  a voltage-mul- 
tiplier type  of  rectifier  to  drive  the 
clamper  tube,  a greater  ratio  of 
d-c  control  bias  to  r-f  output  volt- 


age is  obtained  with  resulting  im- 
proved regulation.  By  using  a 
power  amplifier  as  a clamper  in- 
stead of  a type  similar  to  the  os- 
cillator, the  greater  plate-current 
capabilities  result  in  more  positive 
control  action. 

If  the  clipper  diode  is  fed  from 
the  final  output  of  oscillator-buffer 
circuits  with  more  gain  included  be- 
tween the  oscillator  and  the  recti- 
fier-control circuit,  the  sensitivity  to 
small  changes  in  output  is  increased 
and  increased  stability  results. 

Although  the  circuit  described 
was  designed  for  use  as  a fixed-fre- 
quency local  oscillator  in  a gain- 
stable  receiver,  it  is  of  value  in 
other  applications.  Some  suggested 
uses  are  in  exciters,  signal  gen- 
erators and  high-quality  communi- 
cations receivers. 


Voltage-Controlled  Multivibrator 

By  JULIAN  M.  STURTEYANT 


Regenerative  feedback,  which  has 
been  employed  previously  in  im- 
proving the  linearity  of  sawtooth 
generators,  may  be  applied  to  multi- 
vibrators and  blocking  oscillators 
to  give  frequency  characteristics 
showing  linear  dependence  of  fre- 
quency on  the  first  or  second  power 
of  an  input  direct  voltage. 

The  frequency  of  a free-running 
multivibrator  is  determined  by  the 
time  constants  in  the  grid  circuits 
and  the  voltages  to  which  the  grid 
resistors  are  returned.  If  we  repre- 
sent by  Eimin  the  minimum  voltage 
reached  by  the  grid  of  Vi  (Fig.  lA), 
by  Ecu  the  cutoff  voltage  of  V,,  and 
by  El  the  voltage  to  which  Ri  is  re- 
turned, then  the  recovery  of  the 
grid  of  Vi  follows  the  exponetial 
curve  given  by 


ei  = El  - (El  - El  . ) e R.c  (1) 

znin  * * 

provided  Ri  » Rlu  and  the  off 
time  of  this  tube  is 

El  — El 

ti  = RiCi  In  -= (2) 

i&l  — i&l 


FIG.  1 — Schamatlc  diagrams  of  ordinary 
(A)  muldTibrotor.  ond  one  haring  a 
frequency  which  varies  with  a direct 
voltage 


Similar  expressions  hold  for  V2.  It 
is  evident  that  the  frequency  of  the 
multivibrator,  given  by 


can  be  varied  by  varying  Ei  and  Et. 

The  logarithmic  dependence  of  / 
on  El  and  Ea  can  be  changed  to  a 
linear  variation  by  employing  re- 
generative feedback  to  convert  the 
grid  recovery  curves  to  straight 
lines.  This  type  of  feedback  has 
been  very  successfully  employed  in 
the  design  of  accurately  linear  saw- 
tooth generators. 

In  the  circuit  of  Fig.  IB,  the  cur- 
rent which  charges  Ca  during  the 
recovery  of  the  grid  of  Va  is  held 
nearly  constant  by  employing  feed- 
back from  the  cathode  follower  F, 
to  maintain  a constant  voltage  drop 
across  Ra.  The  analysis  of  this  cir- 
cuit is  very  simple  if  the  imped- 
ances of  the  source  of  Ea,  the  diode 
Vi  and  the  cathode  follower  are 
small  enough  so  that  the  coupling 
capacitor  C'  can  be  charged  to  the 
required  voltage  in  a time  short 
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compared  to  the  off  time  of  Va.  If 
this  condition  is  fulfilled,  the  initial 
voltage  across  Rs  will  be  Bg  — 

This  voltage  will  be  maintained  if 


FIG.  2 — Curve  showing  frequency  vario- 
tion  of  multivibrator  of  Fig.  IB  as  a funo* 
tion  of  voltage  Ej 


modified  to  serve  as  a moderately 
linear  delay  circuit  by  using  direct 
coupling  through  a suitable  resist- 
ive divider  from  the  plate  of  Vi  to 
the  grid  of  F„  the  grid  resistor  of 
Vi  being  returned  to  Ek.  A positive 
trigger  applied  to  the  grid  of  F„  or 
a negative  trigger  to  the  plate,  will 
initiate  one  cycle  of  operation.  A 
delayed  trigger,  with  delay  time 
controlled  by  E«,  can  then  be  de- 
veloped in  the  usual  way  by  differ- 
entiating the  plate  signal  of  F.  and 
inverting  the  negative  pip,  or  by  the 
use  of  a blocking  oscillator. 

Regenerative  feedback  may  be 
applied  in  a similar  manner  to  a 
blocking  oscillator,  although,  as 
might  be  expected,  there  is  consid- 
erably more  short  time  fluctuation, 
or  jitter,  than  found  with  the  multi- 


C'  >>  Cl,  and  the  slope  of  the  grid 
recovery  line  will  then  be  (E,  - 
Eimin)  /RJJ-i.  Thus  the  off  time  of 
Fo  is  given  by 

E2  ““  B'l 

*■  = C) 

mill 

If  R,C,  <<  RjCi,  so  that  the  off 
time  of  F,  is  negligible  compared  to 
that  of  Fo,  the  frequency  is  very 
nearly 


Obviously  Ek  must  be  less  than 
£'2min  to  have  the  cathode  follower 
function  properly. 

The  data  plotted  in  Fig.  2 were 
obtained  using  the  circuit  para- 
meters indicated.  The  off  time  of  F, 
was  about  40  microseconds.  The 
solid  line  is  calculated  using  the 
characteristics  of  6SN7  tubes  given 
in  the  tube  manual;  the  circles  are 
frequencies  measured  by  using  the 
sawtooth  waveform  at  the  cathode 
of  Fa  as  sweep  voltage  for  an  oscil- 
loscope on  the  vertical  plates  of 
which  the  output  of  a Hewlett- 
Packard  audio  oscillator  was  im- 
pressed. The  frequency-voltage  re^ 
lation  is  linear  within  an  average 
deviation  of  ± 4 cycles  over  a 20- 
fold  range  of  frequency,  and  agrees 
well  with  that  predicted  by  Eq.  5. 

The  circuit  of  Fig.  IB  can  be 


FIG.  3 — Blocking  oscillator  with  feedback 
to  provide  linear  frequency  change  with 
voltage  change  is  shown  in  B.  The  cir- 
cuit in  A shows  how  regenerative  feedback 
on  both  multivibrator  grids  gives  a fre- 
quency varying  as  the  square  of  direct 
voltage  E 

dbrator  circuit.  A typical  schem- 
atic diagram  is  given  in  Fig.  3A. 
The  observed  frequency  of  this  cir- 
cuit fits  the  equation  / = 2,030  + 
34.4  E with  an  average  deviation 
of  about  zt  16  cycles  for  E between 
—60  and  -f-80  volts  (frequency  be- 
tween 2 and  4,800  cycles). 

A multivibrator  whose  frequency 


is  linearly  dependent  on  the  square 
of  a direct  voltage  is  obtained  by 
applying  regenerative  feedback  to 
both  grids.  If  the  circuit  is  com- 
pletely symmetrical  as  shown  in 
Pig.  3B,  and  E,.  = E„  + E,  E,  = 
Eo  — E,  the  frequency  is  given  by 


k k 

(gp  — Emin)^  — 

2RC  (E^  - En,in)  {Eo  - 
The  control  voltages  can  be  sup- 
plied by  a differential  direct-coupled 


FIG.  4 — Frequency  of  multivibrator  shown 
in  Fig.  3B  as  a function  of  the  square  of 
the  voltage  E 


amplifier  having  cathode-follower 
outputs. 

The  behavior  of  this  circut  is 
illustrated  by  the  data  plotted  in 
Fig.  4.  For  both  E > 0 and  E < 0, 
the  square  law  relation 

/ = 424  - 0.1163  E*  (7) 

holds  with  an  average  deviation  of 
±3  cycles. 

Stability  of  Circuits 

The  short  time  stability  of  the 
multivibrator  circuits  is  quite  good, 
there  being  very  little  observable 
jitter.  However  the  stability  with 
respect  to  supply  voltages  is  such 
as  to  indicate  that  well-regulated 
power  supplies  should  be  used.  Over 
the  larger  part  of  the  frequency 
ranges  in  the  data  reported  above, 
the  frequency  of  either  multivi- 
brator circuit  changes  by  less  than 
3 percent  for  a 10-percent  change 
in  tube  heater  voltage;  however,  at 
the  lower  frequencies,  where  the 
grid  voltages  pass  cutoff  with  rel- 
atively small  slope,  a frequency 
change  of  as  much  as  10  percent 
may  result  from  a 10-percent 
change  in  heater  voltage. 
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Series  Sawtooth  Oscillator 

By  MAJOR  CHANG  SING 


Most  sawtooth  oscillators  and 
multivibrators  employ  tubes  con- 
nected in  cascade.  There  has  been 
no  circuit  of  relaxation  oscillators 
employing  tubes  connected  in 
series.  This  is  mainly  due  to  the 
difficulty  that  the  plate  of  one  tube 
is  not  connected  to  B-f  directly. 

Figure  lA  shows  the  schematic 
circuit  of  a new  series  sawtooth 
oscillator  and  Fig.  IB  the  different 
waveforms  obtained.  When  the 
switch  is  on,  Ci  is  charged  through 
Fi.  The  cathode  potential  of  Vi, 
which  is  connected  to  the  plate  of 
V2  via  the  resistor  increases  ex- 
ponentially and  the  plate  of  Vi  fol- 
lows with  it.  As  the  charge  on  the 
capacitor  becomes  large  enough, 
the  discharging  tube  V3  starts  to 
conduct  and  carries  the  plate 

current  of  to  bias  Vi  off.  The 
plate  of  Vi  rises  to  B-f  and  makes 
V2  conduct  more.  In  this  state  (Fi 
cut  off  and  Vz  conducting)  Ct  dis- 
charges through  Vs.  The  waveform 
on  the  plate  of  Vs  is  similar  to  that 
on  the  cathode  of  Vi  except  a fall  at 
the  beginning  of  the  discharge  due 
to  the  drop  across  Rs.  When  the 
drop  across  Rs  is  not  sufficient  to 
cut  off  the  plate  current  of  Vi,  the 
plate  potential  of  Vi  falls  and  drives 
the  grid  of  Vs  to  follow  it.  This  de- 
creases the  drop  of  Rs  and  Vi  con- 


FIG.  1 — ^Basic  diagiam  and  voltage 
wavefonns  ior  series  sawtooth  oscillotor 


ducts  progressively.  By  the  cumu- 
lative action  Fi  conducts  and  F*  is 
cut  off.  Then  Ci  will  charge  again 
and  the  operation  is  repeated  in  the 
similar  manner. 

The  waveforms  produced  at  the 
cathode  of  Fi  and  the  plate  of  F* 
the  sawtooth-shaped  and  that  on 
the  plate  of  Fi  is  trapezoidal.  To 
improve  the  linearity  of  the  charg- 
ing curve  a pentode  could  be  used 
instead  of  a triode  for  the  charging 
tube  Fi  and  a positive  grid  return 
for  Vs.  When  the  cathode  of  Fi 
rises,  its  plate  (or  screen  grid)  fol- 
lows it,  the  voltage  working  on  the 
constant-current  portion  of  its 
characteristic  curve.  The  use  of 
the  positive  grid  of  F2  causes  the 
tube  conducting  at  the  lower  poten- 
tial so  that  only  the  linear  portion 
of  the  charging  curve  is  utilized. 
The  improved  circuit  is  shown  in 
Fig.  2. 


In  this  circuit  Ci  and  Ri  are 
coarse  and  fine  controls  of  fre- 
quency respectively.  To  improve 
the  linearity  Rs  should  be  small  but 
its  minimum  value  is  limited  by  the 
plate  current  of  F.  so  that  Rs  is 


FIG.  2 — ^Improved  circuit  oi  series  saw- 
tooth oscillator 


about  1,000  ohms  preferably.  Vari- 
able Rj  serves  as  a velocity  control. 
The  time  constant  of  Cs  and  R^ 
should  be  long  enough  to  avoid  the 
blocking  action. 

Raising  the  high  voltage  is  also  a 
method  of  improving  the  linearity 
of  the  charging  curve.  In  this  case 
the  high  voltage  used  is  from  280  v 
to  about  500  v.  The  range  of 
operating  frequencies  can  be  varied 
anywhere  from  a few  cycles  per 
second  to  0.5  me. 


Square-Wave  Keying  of  Oscillators 

By  J.  CARI  SEDDON 


High  peak  power  oscillators  of  low 
duty  cycle  present  a difficult  modu- 
lating problem  if  the  pulse  width  is 
wide  or  extremely  variable.  A low- 
power  circuit  is  illustrated  which 
makes  possible  square-wave  grid 
modulation  of  oscillators  over  a 
wide  range  of  pulse  widths  and 


duty  cycle.  Only  15  watts  average 
power  will  control  an  oscillator 
capable  of  giving  7.5  kilowatts  peak 
power  output.  Pulse  widths  from 
2 to  140,000  microseconds  have  been 
used,  and  this  range  can  easily  be 
extended.  The  circuit  is  also  useful 
for  obtaining  high-voltage  video 


pulses,  either  negative  or  positive. 

The  pulse  transformer  is  useful 
in  applications  where  pulse  widths 
are  not  too  great.  However,  if 
pulse  widths  are  more  than  about 
100  microseconds,  the  pulse  trans- 
former becomes  bulky  and  pulse 
shape  suffers.  This  is  particularly 
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serious  when  pulse  widths  are  to  be 
variable  and  coded  in  some  way, 
such  as  two  or  three  closely-spaced 
pulses  of  variable  widths  and  spac- 
ing. The  circuit  described  in  this 
paper  is  practically  independent  of 
pulse  widths  and  operates  with  a 
minimum  of  power  required. 

Basic  Keyer  Circuit 

The  circuit  in  Fig.  1 will  square- 
wave  key  a grid-controlled  oscilla- 
tor, but  requires  considerable  power 


FIG.  1 — Basic  arrangement  for  square' 
wave  keying  of  an  oscillator 


if  the  duty  cycle  is  low.  If  there 
is  no  pulse  at  the  grid  of  this  tube, 
the  plate  potential  will  be  consider- 
ably negative  with  respect  to 
ground  potential,  and  the  oscillator 
will  be  kept  cut  off.  When  a nega- 
tive pulse  is  applied  to  the  tube,  the 
plate  will  rise  rapidly  to  ground 
potential.  The  oscillator  will  then 
oscillate.  At  the  end  of  the  pulse, 
the  tube  becomes  conducting  and 
the  plate  goes  more  negative,  thus 
shutting  off  the  oscillator. 

Plate  potential  must  be  consider- 
ably more  negative  than  that  re- 
quired to  merely  keep  the  oscillator 
cut  off.  As  the  plate  resistor  can- 
not be  increased,  because  of  the  fact 
that  it  acts  as  the  grid  resistor  for 
the  oscillator,  there  is  considerable 
power  dissipation  in  the  tube  and 
resistor. 

Use  of  Resistance  Tube 

If  the  plate  resistor  is  replaced 
by  a vacuum  tube,  the  impedance  of 
the  tube  can  be  kept  high  during 
nonoperating  time  and  low  during 
operating  time.  In  this  way,  the 
bias^  power  required  can  be  reduced 
by  a factor  of  ten  or  more.  Such  a 


circuit  is  shown  in  Fig.  2. 

The  current  flowing  through  the 
two  tubes  in  series  causes  a voltage 
drop  across  R which  nearly  cuts  off 
Fs.  As  Fi  is  freely  conducting, 
nearly  all  of  the  bias  supply  voltage 
is  across  F,.  As  the  tube  imped- 
ance is  high,  the  total  power  re- 
quired is  very  small. 

When  Fi  is  cut  off  by  a negative 
pulse,  L forces  current  through  the 
grid  of  Fj,  which  becomes  slightly 
positive  with  respect  to  the  cathode. 
The  tube  impedance  is  thus  lowered 
abruptly  and  the  cathode-to-ground 
capacitance  is  discharged  rapidly, 
bringing  the  oscillator  grid  to 
ground  potential.  The  oscillator 
starts  oscillating,  with  its  grid  cur- 
rent flowing  through  Fj.  On  com- 
pletion of  the  negative  pulse,  Fi 
again  becomes  conducting.  This 
causes  the  grid  of  Fz  to  drop  to 
nearly  the  value  of  the  bias  supply 
voltage,  thus  cutting  off  F*.  The 
cathode  of  F*  rapidly  goes  more 
negative  due  to  the  electron  cur- 
rents flowing  in  from  Fi  and  from 
the  oscillator.  The  oscillator  is  thus 
abruptly  forced  to  stop  oscillating. 

Performance 

This  circuit  has  produced  750- 
volt  positive  pulses  from  15-volt 
negative  pulses,  and  has  required 
a maximum^ of  only  15  ma.  The 
rise  and  decay  times  were  less  than 
one  microsecond.  Using  an  807 


FIG.  2 — Economical  square-wave  keyer 
circuit  using  triode  as  plate  resistance 


tube  in  triode  connection  for  Fz,  a 
one-kilowatt  average  power  output 
transmitter  was  square-wave  keyed 
with  pulse  widths  varying  from 
140,000  to  2 microseconds.  The 
repetition  frequency  of  the  2-micro- 
second pulses  was  200  kc. 


A tube  having  the  proper  d-c  re- 
sistance at  the  operating  current 
must  be  selected  for  Fz.  If  the  tube 
resistance  is  somewhat  less  than 
that  required  for  the  grid  resistor 
of  the  oscillator,  a resistor  may  be 
added  between  the  cathode  of  F* 
and  the  oscillator  grid  to  make  up 
the  difference.  This  resistor,  how- 
ever, reduces  the  ability  of  the  cir- 
cuit to  stop  the  oscillator  promptly. 
This  disadvantage  can  more  than 
be  overcome  by  placing  a capacitor 
across  it.  The  leading  edge  of  the 
r-f  pulse  will,  however,  be  consider- 
ably greater  in  magnitude  than  the 
trailing  edge. 

Improved  Control  Circuit 

An  additional  refinement,  shown 
at  the  right  in  Fig.  3,  will  give  a 
nearly  flat-topped  r-f  pulse  and  con- 


FIG.  3 — Square-wave  keyer  using  diode 
to  get  improved  control 


siderable  improvement  in  control  of 
the  oscillator.  Here  F*  must  have 
a low  d-c  resistance ; Ra  is  the 
amount  required  to  obtain  the 
proper  total  resistance  for  the  grid 
of  the  oscillator,  Ci  is  a capacitor  of 
at  least  10  times  the  oscillator  grid 
circuit  to  ground  capacitance,  L,  is 
an  inductance  whose  value  depends 
on  the  degree  of  flatness  required 
of  the  r-f  pulse,  and  R^  is  a re- 
sistance of  sufficient  magnitude  to 
provide  more  than  critical  damp- 
ing for  the  LzCi  circuit. 

When  the  oscillator  starts  oscil- 
lating, the  grid  current  will  flow 
mainly  through  R^,  but  some  will 
flow  into  Cl  which  gradually 
charges  up  until  it  has  the  same 
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potential  across  it  as  At  the  end 
of  the  pulse,  the  cathode  of  F,  will 
go  more'  negative.  Due  to  the  diode, 


FIG.  4 — Typical  oscillator  oscillogrcans 
obtcdned  when  circuit  ol  Fig.  3 is  used 
lor  keying 


Cl  will  likewise  go  more  negative,  as 
will  the  oscillator  grid.  The  oscil- 
lator can  thus  be  shut  off  even 
though  the  maximum  potential 
across  F,  may  be  less  than  the  d-c 
potential  on  the  oscillator  grid 
while  oscillating. 

Waveforms 

With  807  tubes  for  Fi  and  Fj, 
using  pentode  and  triode  con- 
nections respectively,  about  750 
volts  can  be  developed  across  F, 
with  an  850-volt  power  supply.  This 
750  volts  will  easily  keep  two  15E 
transmitting  triodes  cut  off  with 
more  than  10,000  volts  on  their 


plates.  Figure  4 shows  the  varia- 
tion in  voltage  of  the  15E  grids 
during  the  pulse.  The  tubes  started 
oscillating  before  the  grid  voltage 
could  rise  to  ground  potential.  On 
oscillating,  the  operating  potential 
was  minus  1,100  volts.  At  the  end 
of  the  pulse,  F,  drove  Ci  suflBciently 


FIG.  5 — Complete  circuit  lor  keying  an 
oscillator  using  two  15E  triodes 


negative  that  it  was  able  to  drive 
the  oscillator  grids  negative  enough 
to  stop  oscillation.  The  grid  poten- 
tial quickly  returned  to  minus  750 
volts. 

The  right-hand  side  of  Fig.  4 
shows  the  oscillator  plate  current 
when  two  10-microsecond  pulses 
spaced  by  10  microseconds  were 
used.  Decreasing  the  inductance  of 
L,  will  shorten  the  duration  of  the 
hump  on  the  top  of  the  pulse,  but 
will  increase  its  amplitude.  The 
peak  output  power  of  the  trans- 
mitter exceeded  7.5  kw  at  750  me. 


Complete  Practical  Circuit 

Figure  5 shows  the  complete  cir- 
cuit diagram  as  used  on  the  trans- 
mitter just  described.  One  slight 
change  from  Fig.  3 that  should  be 
mentioned  is  the  addition  of  the 
56-ohm  resistor  between  the  screen 
grid  of  F,  and  ground.  This  was 
done  to  prevent  arcs  at  the  tube 
seal,  where  the  control  grid  to 
screen  grid  spacing  is  small  on  an 
807.  These  arcs  were  due  to  the 
superposition  of  r-f  voltage  oh  the 
large  video  pulses,  probably  due  to 
the  too-long  lead  lengths. 


Transitron  Oscillator 


A SPECIALLY-DESIGNED  TETRODE  or  a 
standard  pentode  can  be  operated 
with  the  second  grid  acting  as  the 
anode  of  an  oscillator  and  the  plate 
acting  as  an  electron  reflector;  the 
potential  of  the  reflector  controls 
the  transit  time  and  hence  the  fre- 
quency of  oscillation,  as  described 
by  Jerome  Kurshan  in  a paper 
entitled  The  Transitron,  An  Ex- 
perimental A.F.C.  Tube,  presented 
before  the  National  Electronics 
Conference  in  November  and  pub- 
lished in  the  RCA  Review  for 
December. 

Used  as  the  local  oscillator  in  an 
f-m  receiver  (88-108  me)  with 
automatic-frequency  control,  an  ex- 
perimental tube  showed  a sensitiv- 


ity of  100  kc  per  volt,  thus  counter- 
acting warmup  drift  at  the  high- 
frequency  end  of  the  band  by  a 
factor  of  4.5.  Tests  of  commercial 
miniature  tubes  in  the  accompany- 
ing circuit  showed  that  the  6BE6 
with  its  third  (r-f  signal)  grid  as 
reflector  and  biased  to  at  least  20 
volts  negative  was  one  of  the 
strongest  oscillators.  The  9001 
gave  the  greatest  control  sensitiv- 
ity, but  oscillated  very  weakly;  the 
6AK5  performed  most  reliably  but 
had  low  control  sensitivity.  A 
special  Transitrol  tube  was  built 
and  tested  in  the  circuit  shown  in 
the  diagram;  its  performance  cor- 
related well  with  theoretical  ex- 
pectations. 


Transit-Time  Frequency  Control 

Because  of  the  gieater  need  for 
afe  in  the  vhf  region  (30-300  me) 
than  in  the  lower-frequency  bands, 
a simple  means  of  controlling  the 
frequency  of  a local  oscillator  is 
needed.  Although  a reactance  mod- 
ulator can  be  used,  it  entails  an 
additional  tube  in  the  receiver. 

The  pulling  of  the  local  oscillator 
frequency  by  changes  in  the  bias  on 
the  r-f  signal  grid,  an  effect  some- 
times observed  in  converters,  can 
be  used  as  the  basis  for  afc.  The 
frequency  pulling  arises  because, 
as  the  bias  changes,  electrons  are 
variously  reflected  back  to  the  oscil- 
lator section  where  they  interact 
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with  the  electrodes  and  space 
charge  to  produce  a changing  sus- 
ceptance  across  the  oscillator  cir- 
cuit. To  make  use  of  the  effect, 
the  tube  is  so  operated  that  elec- 
trons leave  the  cathode,  pass 
through  the  control  grid,  are  accel- 
erated by  the  screen,  are  possibly 
reflected  by  the  reflector,  and  fina.ly 
reach  the  anode.  By  changing  the 
potential  on  the  reflector,  the 
transit  time  of  the  electrons  be- 
tween grid  and  anode  can  be  altered. 
By  deriving  a direct  voltage  from 
the  discriminator  of  an  f-m  re- 
ceiver and  using  it  to  control  the 
reflector,  afc  is  obtained  without 
an  additional  tube. 

Operation 

An  analysis  of  the  oscillator 
shows  that  a small  capacitance  in 
its  resonant  circuit  is  desirable  for 
control  sensitivity,  although  then 
there  will  be  considerable  warmup 
drift  because  interelectrode  capaci- 
tance is  a large  fraction  of  the  res- 
onant-circuit capacitance. 

In  practice,  it  is  desirable  to  keep 
the  voltages  on  the  anode  and  the 
control  potentials  small  for  large 
control  sensitivity.  The  reflector 
spacing  in  the  experimental  tube 
was  adjusted  to  obtain  the  optimum 
response  with  these  conditions,  but 


The  twin  oscillator  described 
here  was  designed  primarily  as  a 
stable  oscillator  which  would  be 
variable  over  a narrow  band  of  fre- 
quencies. The  theory  of  the  twin 
is  simple.  Two  oscillators  are  built 
on  the  same  chassis  using  identical 
parts.  The  physical  arrangement 
is  made  such  that  both  oscillators 
are  subjected  to  identical  variations 
in  voltage,  temperature,  humidity 
and  other  conditions.  Then  if  there 
is  any  drift  both  oscillators  should 


To  dotermine  the  suitobility  of  commercial 
tubes  lor  Tronsitrol  operation  they  cue 
tested  in  the  top  circuit  The  Toltage  op- 
plied  to  the  second -grid  should  be  large 
enough  to  produce  stoble  oscillation  but 
not  so  large  as  to  exceed  the  grid  dissipo- 
tton.  The  reflector  Toltage  is  adiusted  for 
xero  reflector  current  The  bottom  circuit 
shows  the  oscillotor  using  a modified  6BE6 
which  reduced  warmiq)  drift  by  o foctot 
of  4.5  from  that  without  ofc 

some  commercial  tubes  have  such 
spacings  that,  by  suitable  choice  of 
their  electrodes  and  potentials,  they 
can  be  used  with  reasonable  sensi- 


tivities, such  as  the  6BE6  prev- 
iously mentioned. 

Circuit  for  Testing  Tubes 

The  Colpitts  oscillator  circuit 
shown  in  the  diagram  was  used  to 
test  commercial  tubes  in  this  afc 
circuit.  For  f-m  receivers  with  a 
standard  i-f  of  10.7  me,  the  local 
oscillator  normally  ranges  from  99 
to  119  me.  Miniature  tubes  are 
most  suitable  for  this  range.  Also, 
the  Colpitts  circuit,  using  the  inter- 
electrode capacitances  for  feedback 
and  with  the  cathode  grounded,  is 
the  simplest  to  use  at  these  fre- 
quencies. For  transit-time  control, 
it  is  important  that  the  cathode  be 
at  ground  potential. 

Unfortunately,  neither  end  of  the 
tuned  circuit  is  at  ground.  It  is 
necessary  for  this  application  that 
there  be  an  r-f  field  between  the 
second  grid  and  the  reflector,  other- 
wise the  transit  of  the  electrons 
would  effectively  terminate  when 
they  passed  the  second  grid 
(anode),  because  thenceforth  they 
could  not  induce  voltage  in  the  reso- 
nant circuit.  Practically,  it  is 
simplest  to  have  the  reflector  at  r-f 
ground,  which  requires  that  the 
cathode  also  be  at  r-f  ground  to 
avoid  reflector  current  due  to  elec- 
trons that  would  be  emitted  at  the 
negative  peaks  of  cathode  voltage. 


Twin  Oscillator 


By  TY  KIRBY 

drift  the  same  amount  in  the  same 
direction. 

One  of  these  oscillators  is  padded 
with  zero  temperature  coefficient 
capacitors  to  operate  on  a frequency 
slightly  lower  than  the  other.  The 
feedback  is  then  adjusted  so  both 
tubes  operate  on  the  same  part  of 
their  curves  and  drift  the  same 
amount  under  varying  conditions. 
The  outputs  of  the  two  oscillators 
are  combined  and  the  difference 
between  them  used  as  our  output 


frequency.  Thus  although  any  oscil- 
lator will  drift  slightly,  as  long  as 
its  twin  drifts  the  same  amount  in 
the  same  direction  at  the  same  time, 
the  output  frequency  is  constant. 

It  was  decided  to  build  a twin 
whose  harmonics  would  cover  the 
amateur  bands.  The  two  halves  of 
a 6SN7  were  used  in  Clapp  circuits 
for  the  twin  oscillators,  followed 
by  a 6SN7  mixer  and  a 6SJ7  dou- 
bler. The  unit  was  adjusted  for 
balance  in  the  center  of  its  range 
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and  a series  of  one  hour  runs  made 
to  determine  the  amount  of  drift. 
The  resulting  drifts  after  one  hour : 

Low  end  of  band,  16  cps  per  me 
(negative) ; center  of  band,  0 cps 
per  me ; and  at  the  high  end  of  band, 
15  cps  per  me  (positive).  The 
band  in  this  case  was  2 me  to  1.75 
me.  Tests  were  run  over  a period 
of  several  weeks  to  determine  at 
which  frequency  the  drift  would  be 
the  least.  This  was  found  to  be 
1.^50  me.  The  oscillator  was  set  at 
this  frequency  on  Friday  at  10  p.m. 
and  left  running  until  the  following 
Monday  at  8 p.m.  at  which  time 
the  frequency  was  measured  and 
the  drift  found  to  be  12  cycles  (6 
cps  per  me  approximate). 

The  unit  was  built  on  a 10  X 14 
X 3 chassis  with  the  power  supply 
on  a separate  chassis  to  keep  away 
unnecessary  heat.  The  coils  and 
variable  capacitors  were  taken  from 
surplus  TU-IO-B  tuning  units  and 
used  without  alterations.  All  fixed 
capacitors  used  were  zero  tempera- 
ture coefiicient  or  silver  mica  types. 

The  coils  are  mounted  on  feed- 
through insulators  above  the  chas- 
sis and  a shield  measuring  10  X 8 
X 6 inches  covers  both  coils.  The 
outside  of  this  shield  is  covered 
with  asbestos  to  keep  external  heat 
away  from  the  coils  and  the  inside 
cover  of  the  shield  is  covered  with 


asbestos  to  aid  in  keeping  the  tem- 
perature on  both  coils  the  same. 

The  variable  oscillator  was 
padded  to  operate  from  6.375  to 
6.5  me.  The  fixed  oscillator  is 
padded  to  operate  at  5.5  me.  Since 
padding  the  variable  capacitor 
changes  the  feedback  in  this  Clapp 
circuit,  part  of  the  padding  was 
done  from  the  grid  end  of  the  coil 


Schematic  diagram  oi  highly  liable  twin 
oicillator  with  output  from  1.75  to  2 me 


to  ground  (Ca  in  diagram)  and 
these  padding  capacitors  (Ci  and 
Ca)  so  proportioned  that  the  plate 
current  of  the  two  oscillators  was 
the  same. 

Because  one  oscillator  operates 
at  a different  frequency  than  the 
other  and  tends  to  drift  the  same 
percentage  rather  than  the  same 
amount  (in  cycles),  a 25-/i,/if  silver 
mica  capacitor  (0.002  positive 
drift)  was  connected  in  series  with 
a 2-fifif  zero  temperature  coefficient 
capacitor  and  placed  in  the  fixed 
oscillator  circuit  (C»  in  diagram). 
This  brought  the  drift  to  zero  in 
the  center  of  the  band  chosen. 

If  the  twin  is  to  be  used  as  a 
VFO  in  a CW  transmitter  the  mixer 
circuit  should  be  keyed.  Since 
the  oscillators  are  not  on  the  output 
frequency  and  not  keyed  there  is 
neither  backwave  nor  chirp. 

Although  Clapp  circuits  were 
used  for  the  twin  oscillators  any 
stable  oscillator  circuit  would  work. 
The  less  drift  the  individual  oscilla- 
tor circuits  have  the  easier  it  is  to 
compensate  for  the  difference  in 
drifts  due  to  the  difference  in 
frequencies.  Standard  parts  were 
used  but  parts  which  were  used  in 
both  oscillators  were  individually 
matched  since  commercial  toler- 
ances are  not  close  enough  to  serve 
the  purpose. 


Wide-Range  Sweeping  Oscillator 

Wobbled  audio  output  or  variable  single  tone  is  obtained  over  a 20-to-l  frequency  range 
by  means  of  Thyrite  or  Varistor  elements  in  a modified  Wien-bridge  circuit.  A thermis- 


The  variable-frequency  audio 
oscillator  described  uses  a mod- 
ified Wien  network  with  silicon 
carbide  nonohmic  resistors  as  part 
of  the  frequency-determining  ele- 
ment. By  controlling  direct  cur- 
rent through  the  nonlinear  resis- 
tors the  frequency  of  oscillation  can 


tor  stabilizes  bridge  amplitude 

By  LOUIS  A.  ROSENTHAL 

be  varied  through  a range  of  better 
than  20  to  1.  A nonlinear  thermis- 
tor element  in  the  bridge  stabilizes 
the  amplitude  of  oscillation  and  in- 
sures good  sinusoidal  waveform. 
Although  the  equipment  was  de- 
signed for  telemetering,  it  can  be 
applied  wherever  large  frequency 


deviations  are  required. 

A number  of  articles  ® have 
described  various  methods,  most  of 
which  are  incapable  of  large  devi- 
ations or  lack  amplitude  stabiliza- 
tion. Without  amplitude  control 
poor  waveform  may  result,  because 
distortion  will  adjust  the  loop  gain 
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to  unity.  Vacuum  tubes  have  been 
used  as  variable-impedance  ele- 
ments but  do  not  allow  simple  cir- 
cuit configurations  and  are  limited 
in  the  range  of  nonlinearity. 

Basically  all  schemes  consist  of 
an  amplifier,  feeding  back  regener- 
atively  through  a variable  phase- 
shift  network.  The  circuit  oscil- 
lates at  a frequency  at  which  the 
loop  phase  shift  is  zero  and  the  loop 
amplification  is  unity.  The  phase 
shift  network  must  be  modulated  so 
as  to  vary  the  phase  shift  and  so 
the  frequency.  Since  the  phase- 
shift  network  may  also  change  its 
attenuation  with  frequency,  the 
loop  gain  will  have  to  readjust  it- 
self automatically.  The  phase-shift 
network  described  is  found  to  have 


c R 


fiG.  1 — ^Modified  Wien  phase-shiit  net> 
work  used  for  frequency  control 
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FIG.  2 — Static  and  dynamic  reetstonce 
as  a function  of  voltage  for  GE 
839940  IGl  Thyrite 

a constant  attenuation  and  is  read- 
ily phase  modulated, 

Phase-Shift  Network 

Figure  1 is  the  a-c  equivalent  of 
the  phase-shift  network  used.  Re- 
sistor A is  necessary  for  modula- 
tion purposes  and  resistors  R are 
actually  silicon-carbide  nonohmic 


resistors  called  Thyrite  by  General 
Electric  and  Varistor  by  Western 
Electric*.  The  frequency  at  which 
the  network  produces  zero  phase 
shift  is 

and  the  voltage  attenuation  at  this 
point  is 

-1“-  = 1 (2) 

Vt  3-1-  R/A 

The  modulating  resistor  A will 
change  the  attenuation  as  R 
changes;  the  minimum  attenuation 
is  i.  Since  R has  a usable  upper 
limit  the  presence  of  A increases 
the  lowest  frequency  obtainable. 
These  limitations  can  be  eliminated 
by  making  A another  Thyrite  ele- 
ment identical  to  the  other  two. 
The  equations  are  then 

!.;•  - VT/fiC  (3) 

and 

Fo/Fi  = 1/4  (4) 

The  frequency  varies  inversely  with 
R and  the  attenuation  is  a constant 
of  0.25  providing  the  individual 
Thyrite  elements  track  one  another. 

The  resistance  R is  actually  the 
dynamic  resistance  at  the  static 
operating  point  for  the  Thyrite. 
Although  the  dynamic  resistance 
changes  with  voltages,  keeping  the 
phase-shift  network  at  a low  volt- 
age amplitude  point  in  the  feedback 


loop  minimizes  the  harmonic  gener- 
ation. Thyrite  is  a voltage  sensi- 
tive nonlinear  element.  Its  volt- 
ampere  characteristic  is  very 
closely  of  the  form 

V = kl»  (5) 

where  n is  generally  between  0.2 
and  0.4.  The  static  resistance  is 

R,  = v/I  = kl»-^  (6) 

and  the  dynamic  resistance  or  slope 
of  the  volt-ampere  characteristic  is 

Rd  = dV/dl  = = nR»  (7) 

It  can  be  seen  that  the  dynamic  re- 
sistance is  n times  the  static  re- 
sistance. The  dynamic  resistance 
is  the  resistance  to  be  used  in  the 
frequency  equations  since  it  repre- 
sents the  a-c  impedance  at  the  oper- 
ating point.  P'igure  2 is  a plot  of 
the  experimentally  - determined 

static  and  calculated  dynamic  re- 
sistance as  a function  of  d-c  voltage. 
For  the  Thyrite  used  (GE  8399401- 
Gl)  the  static  characteristic  was 
very  closely  V = 80  7®  An  applied 
voltage  of  20  volts  will  dissipate 
the  rated  power  of  0.1  watt  and  it 
would  appear  that  the  usable  dy- 
namic resistances  dan  vary  from 
1,000  ohms  up  to  infinity.  Actually 
because  of  the  modulation  scheme 
the  maximum  voltage  was  about  16 
volts  and  the  minimum  2 volts.  Two 
volts  corresponds  to  a current  of 
about  4 microamperes  fiowing 
through  the  Thyrite  (Ra  = 180,- 


FIG.  3 — Complete  circuit  diagram  of  the  oscillator.  Range  is  chonged  by  choice  of 
capacitors  (C).  See  Fig.  5 for  frequency  characteristics 
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000)  and  is  the  best  cutoff  condi- 
tion for  the  modulator  tube  (e,  = 
—10  volts).  This  very  large  varia- 
tion of  resistance  will  allow  cor- 
responding frequency  changes. 

The  three  Thyrite  elements  are 
connected  in  series  with  the  supply 
voltage  and  a triode  modulator  tube 
as  shown  in  Fig.  3,  The  same  di- 
rect current  passes  through  all 
three  elements  and  it  was  observed 
that  the  d-c  voltage  drops  followed 
one  another  within  5 percent.  Neg- 
ative voltages  applied  to  the  grid  of 
the  modulator  will  reduce  the  cur- 
rent flowing  through  the  Thyrite, 
increase*  the  dynamic  resistance, 
and  so  decrease  the  frequency. 

Amplitude  Stabilization 

Since  the  nonlinear  elements  do 
not  track  perfectly,  the  attenuation 
can  change  from  the  theoretical 
value  of  0.25.  Amplitude  stabili- 
zation will  keep  the  oscillation  level 
constant  and  insure  good  wave- 
form. For  a simple  approach,  a 
nonlinear  bridge  is  used.  Refer- 
ring to  the  circuit  diagram,  the 
bridge  consists  of  two  1,000-ohm 
arms,  a thermistor  and  a compari- 
son resistor  of  470  ohms.  The 
bridge  is  fed  through  a phase  in- 
verter. Initially  the  cold  thermistor 
resistance  is  high  and  the  bridge 
is  unbalanced,  resulting  in  a high 
loop  amplification:  Oscillations 
build  up,  increasing  the  power  dis- 
sipated in  the  thermistor,  decreas- 
ing its  resistance,  and  bringing  the 
bridge  closer  to  balance.  At  the 
stable  operating  point  the  loop  am- 
plification is  unity.  Any  tendency 
for  the  amplitude  to  increase  or  de- 
crease will  be  offset  by  the  bridge 
output  decreasing  or  increasing, 
respectively. 

The  mechanism  can  be  further 
explained  by  referring  to  Fig.  4, 
which  shows  the  bridge  character- 
istic as  experimentally  determined. 
It  is  plotted  in  terms  of  output  volt- 
age as  a function  of  applied  voltage. 
It  requires  about  3.35  volts  to  bal- 
ance this  particular  bridge.  The 
thermistor  operates  in  its  negative- 
temperature-coefficient  and  nega- 
tive-differential-resistance region 


and  reduces  its  resistance  as  the 
power  dissipated  in  it  increases. 
The  remaining  loop  amplification, 
which  is  the  product  of  the  ampli- 
fier gain  and  loss  in  the  phase-shift 
network,  is  superimposed  as  a 
straight  line  of  slope  equal  to  the 
reciprocal  of  loop  amplification.  The 
common  intersection  is  the  operat- 
ing point  resulting  in  the  bridge 
being  sufficiently  unbalanced  to  pro- 
duce an  output  of  0.22  volt.  As 
the  loop  amplification  varies,  the 
bridge  output,  as  well  as  operating 
amplitude,  will  change  to  a much 
lesser  degree  depending  on  the  slope 
of  the  bridge  characteristic  at  the 
operating  point.  A greater  slope 
and  higher  loop  amplification  result 
in  greater  stability.  The  rapidity 
with  which  the  amplitude  stabilizes 
depends  on  the  thermal  time  con- 
stant of  the  thermistor.  Elements 
such  as  lamps  with  positive  temper- 
ature coefficients  can  be  used  if  the 
positions  of  the  comparison  resistor 
and  nonlinear  element  are  reversed. 

However,  elements  with  negative- 
differential-resistance  regions  re- 
sult in  bridges  with  better  stabili- 
zation properties.  If  the  loop  gain 
were  not  to  change  with  frequency 
there  would  be  no  readjustment  in 
amplitude  necessary  and  corre- 
spondingly no  limit  to  the  rate  of 
frequency  modulation.  It  should 
be  noted  that  the  bridge  nonlinear 
element  is  really  linear  at  the  fre- 
quency of  oscillation  and  is  non- 
linear only  to  average  amplitude  or 


FIG.  4 — ^Amplitude  stobilixing  bridge 
characteristic  with  stverimposed  loop 
amplification.  The  bridge  operates  at 
the  common  intersection  with  on  output 
of  0.22  T ond  opplied  roltoge  of  2.8  t 


FIG.  5 — Frequency  versus  control-grid 
potential  for  two  different  phose-shift 
network  capacitances 


power  instead  of  instantaneous 
amplitude  as  in  the  case  of  Thyrite. 

Practical  Circuit 

In  the  circuit  of  Fig.  3,  a triode 
voltage  amplifier  with  a gain  of  52 
drives  the  amplitude-stabilizing 
bridge  through  a phase  inverter. 
The  bridge  contains  two  electrolytic 
capacitors  in  order  to  eliminate  d-c 
and  keep  the  bridge  balanced.  The 
bridge  and  phase  inverter  offer  a 
low  impedance  to  the  phase-shift 
network  whose  impedance  level  can 
vary  considerably.  The  modulator 
tube  is  bypassed  so  as  to  put  the 
shunt  Thyrite  element  at  a-c 
ground  potential.  After  the  phase- 
shift  network,  the  loop  is  closed. 
It  is  important  that  the  amplifier 
proper  have  negligible  phase  shift 
for  the  variable  frequency  range  so 
that  all  phase  shift  takes  place  in 
the  frequency-determining  network. 
Voltages  measured  at  various  points 
in  the  circuit  for  a frequency  of  1 
kc  were  as  follows:  input  to  Vi, 
0.051  v;  output  Vi,  2.66  v;  bridge 
output,  0.208  v;  phase-inverter  cath- 
ode, 1.48  V.  The  gain  of  the  ampli- 
fier is  therefore  52.2,  the  phase- 
shift  network  attenuation  is  0.245 
and  the  bridge  is  operating  close  to 
the  point  described  in  Fig.  4.  Fre- 
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quency  curves  are  shown  in  Fig.  5 
for  the  control  voltage  variations 
between  0 and  —10  volts.  At  low 
grid  voltages,  the  Thyrite  resist- 
ance is  changing  at  a lesser  rate 
and  below  —8  volts  cutoff  is  ap- 
proached gradually.  In  the  center 
region  the  frequency  variation  is 
logarithmic.  By  self-biasing  the 
control  tube,  the  curve  can  be  made 
to  start  at  any  convenient  fre- 
quency. Like  the  capacitors  the 
curves  represent  a 10-to-l  ratio 
down  to  low  frequencies  where  the 
amplifier  phase  shift  becomes  a 
limiting  factor. 

The  waveform  is  excellent  at  all 


times  and  the  amplitude  never 
changes  by  more  than  2 percent  in 
these  typical  frequency  ranges. 
Frequency  stability  depends  on  the 
power-supply  regulation  and  the 
temperature  coefficient  of  the  Thy- 
rite which  is  about  —0.5  percent 
per  degree  centigrade*.  The  par- 
ticular circuit  described  was  used 
up  to  100  kc  and  with  better  high- 
frequency  amplifier  characteristics 
the  range  can  undoubtedly  be  ex- 
tended. Other  nonlinear  elements 
can  provide  a variety  of  frequency 
characteristics. 

Thanks  are  extended  to  the 
United  States  Air  Force,  Watson 


Laboratories,  who  sponsored  this 
work  under  Contract  No.  AF28- 
(099) -33.  The  assistance  of  H. 
Zablocki,  Research  Assistant  at 
Rutgers  University,  is  appreciated. 
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High-Q  Variable  Reactance 

A cathode-coupled  dual  triode  provides  wide  reactance  variation,  wide  frequency  devia- 
tion and  higher  Q when  combined  with  a tuned  circuit  than  a conventional  reactance  tube. 
Circuits  of  a frequency-modulated  oscillator  operating  at  one  megacycle  and  an  f-m  audio- 
frequency oscillator  are  given 


By  J.  I 

REACTANCE-TUBE  circuits  have 
found  an  increasingly  large 
field  of  use  in  recent  years  with  the 
advent  of  frequency  modulation  and 
automatic  frequency  control,  and 
with  the  expansion  in  use  of  indus- 
trial electronic  equipment  and  in- 
strumentation. Unfortunately  these 
circuits  do  not  have  a very  high  Q 
and  the  range  of  linear  variation  of 
reactance  is  limited.  The  basic 


FIG.  1 — Functional  diogram  oi  variable 
reactance 


. VAN  SCOYOC  AND  J.  L. 

principle  of  the  variable  reactance 
to  be  discussed  has  been  described 
in  the  literature  previously^’®.  How- 
ever, the  practical  methods  used  tc 
obtain  improved  results  are  believed 
to  be  new. 

The  electronic  reactance  to  be  de- 
scribed has  certain  advantages  over 
the  conventional  reactance  tube. 
These  advantages  are  a higher  Q, 
coupled  with  a wide  range  of  react- 


FIG.  2 — Equivalent  circuit  oi  Fig.  1 ior 
analysis 


MURPHY 

ance  variation,  and  simplicity.  The 
circuit  has  been  found  quite  useful 
in  frequency-modulated  oscillators 
operating  both  at  audio  and  radio 
frequencies  and  in  variable-fre- 
quency RC  type  filters.  In  addition 
to  the  variable-reactance  circuits, 
two  frequency-modulated  oscillators 
are  described,  one  operating  at 
radio-frequency  using  the  basic  cir- 
cuit and  one  operating  at  audio  fre- 


FIG.  3 — Cathode-follower  reactance-tube 
circuit 
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quencies  using  the  new  circuit. 

Principle 

The  basic  circuit  consists  of  a 
feedback  amplifier  with  a reactance 
connected  in  the  feedback  loop  from 
output  terminals  to  input  terminals 
as  shown  in  Fig.  1.  The  input  im- 
pedance is  a function  of  the  feed- 
back reactance  and  the  gain  and 
output  impedance  of  the  amplifier. 

In  the  equivalent  circuit  of  Fig.  2, 
it  is  assumed  that  the  input  im- 
pedance of  the  amplifier  is  very 
high.  The  amplifier  is  replaced  by 
an  equivalent  generator  having  an 
open-circuit  voltage  AEt  an4  an  out- 
put resistance  R,  equal  to  the  out- 
put impedance  of  the  amplifier. 

The  current  flowing  into  the  in- 
put terminal  is : 

Ei-AEi  _Ei{l  - A) 

‘ Ro+jX  Ro+jX 

where  A is  the  open-circuit  gain 
(gain  with  X equal  to  infinity)  of 
the  amplifier.  The  impedance  pre- 
sented at  the  input  terminals  is 
therefore 


, Ei  _ Ro  -hj  X 
‘ ~ T<  ~ (1  - A) 


(2) 


This  equation  shows  that  the  in- 
put impedance  is  a function  of  the 
loop  impedance  including  the  output 
resistance,  and  the  factor  (1  —A) 
where  A represents  the  gain  of  the 
amplifier  without  feedback. 

Examination  of  Eq.  2 shows  that 
for  positive  values  of  A (even  num- 
ber of  stages  or  a cathode  follower) 
the  impedance  Zt  has  the  same  sign 
as  -H  jX  if  the  gain  is  less  than 
unity,  and  the  opposite  sign  if  the 
gain  is  greater  than  unity.  For 
negative  values  of  A (odd  number 
of  conventional  amplifier  stages) 
the  sign  of  Z*  is  the  same  as  that  of 
E,  -f  jX  for  values  of  A either 
greater  or  less  than  unity.  A nega- 
tive resistance  can,  of  course,  pro- 
duce oscillation  and  this  circuit  is 
used  in  RC-tuned  oscillators. 

The  reversal  of  sign  of  the  react- 
ance results,  in  the  case  of  an  in- 
ductor, in  a reactance  that  varies 
directly  with  frequency  (as  for  a 
positive  inductor)  but  one  in  which 
the  current  leads  the  voltage  instead 


FIG.  4 — Characteristics  oi  a single  section 
oi  a 6J6  tube  vary  considerably  with 
change  in  grid  Toltoge 


of  lagging  it.  Similarly,  for  a 
capacitor,  a reactance  which  varies 
inversely  with  frequency,  as  in  the 
case  of  the  positive  capacitor,  is  ob- 
tained but  the  current  lags  the 
voltage. 

The  effective  Q of  the  circuit, 
X/Ro  is  independent  of  A as  may 
be  seen  from  Eq.  2.  However,  if 
Ro  is  a function  of  amplifier  gain, 
as  in  the  case  of  a variable  load  re- 
sistance amplifier,  the  Q will  vary 
with  the  gain.  A high  Q may  be 
obtained  by  making  the  amplifier 
output  impedance  small  in  compari- 


son to  the  feedback' reactance. 

To  obtain  a variable  reactance  as 
a function  of  a control  signal,  this 
control  signal  may  be  used  to  change 
the  gain  of  the  amplifier  in  some 
way.  For  static  use,  a potentiom- 
eter gain  control  could  be  used,  or 
some  other  means  such  as  chang- 
ing tube  transconductance  could  be 
used  to  vary  the  gain  of  a stage  or 
several  stages  of  the  amplifier. 

The  load  resistance  of  one  or 
more  stages  may  be  used  to  control 
the  gain.  The  load-resistance  and 
transconductance  variation  could  be 
accomplished  either  statically  or 
dynamically.  A combination  of  load 
variation  and  amplifier-transcon- 
ductance variation  is  used  in  the 
cathode-follower  circuit  described 
here. 

Duaf-Triode  Cathode  Follower 

Figure  3 shows  the  schematic  dia- 
gram of  a dual-triode  variable  re- 
actance circuit;  one  section  of  the 
tube  functions  as  a cathode-follower 
amplifier,  and  the  other  as  a cathode 
follower  used  as  a variable  load  re- 
sistance for  the  first.  The  only  cir- 
cuit elements  required  in  addition 
to  the  tube  are  a cathode  resistor, 
a feedback  reactor  and  the  neces- 
sary grid  returns. 


FIG.  5 — Ckxthode  voltages  when  a peak  signal  oi  one  volt  is  applied  to  the  grid  oi 
the  input  triode.  The  applied  plate  voltage  is  150  volts  and  the  cathode  resistor  is 

1,000  ohms 
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Triode  1 with  the  feedback  loop 
consisting  of  C is  the  catMbde-fol- 
lower  amplifier  which  will  be  called 
the  input  section.  Triode  2 is  the 
variable  or  control  tube  used  to  vary 
the  gain  of  triode  1.  The  cathode- 
to-ground  impedance  of  triode  2 
functions  as  a variable  load  resist- 
ance for  triode  1,  and  this  resist- 
ance is  controllable  by  the  voltage 
applied  to  the  grid  of  triode  2.  This 
variable  load  resistance  appears  in 
parallel  with  the  common  cathode 
resistor  used  to  carry  the  plate  cur- 
rent and  provide  bias  for  the  two 
sections. 

Due  to  the  direct  coupling  be- 
tween the  two  sections,  an  increase 
in  the  control-section  grid  voltage 
produces  a decrease  in  the  input- 
section  bias,  thus  changing  the 
transconductance  of  triode  1 simul- 


I GRIP  VOLTS  Eg j 

FIG.  6 — ^Values  of  (1 — A)  lot  dual  triode 

taneously  with  the  load  change.  The 
resulting  change  in  the  input-sec- 
tion transconductance  augments  the! 
gain  variation  due  to  the  change  of 
load  resistance. 

The  parameters  of  one  section  of 
a 6J6  tube  are  shown  in  Fig.  4 as  a 
function  of  grid  voltage.  The  curves 
were  measured  on  a standard 
vacuum-tube  bridge.  As  may  be 
seen,  the  transconductance  and  plate 
resistance  vary  widely  over  the  use- 
ful range  of  grid  voltage.  These 
characteristics,  which  resemble 
those  of  a remote-cutoff  pentode, 
make  the  6J6  a good  choice  for  this 
circuit.  The  transconductance  and 
plate  resistance  of  other  tubes  such 
as  the  6SN7  remain  relatively  con- 
stant over  most  of  the  useful  range 
of  grid  voltage,  and  change  more 


rapidly  in  the  cutoff  region. 

Method  of  Analysis 

Since  complete  analysis  of  the  cir- 
cuit would  require  a complicated 
study  of  the  variation  of  the  tube 
parameters  with  the  voltage  applied 
to  the  control  section,  a complete 
analytical  solution  has  not  been  at- 
tempted. Instead,  the  gain  and 
cathode  voltage  were  measured  as  a 
function  of  control-section  grid 
voltage.  Both  the  d-c  cathode 


voltage  and  the  a-c  cathode  voltage 
due  to  a signal  of  1.0  volt  peak  ap- 
plied to  the  input  section  grid  were 
measured  on  four  sample  tubes  and 
the  results  are  shown  in  Fig.  5. 

As  the  control  section  grid  be- 
comes more  positive  relative  to 
ground,,  the  negative  bias  on  that 
section  is  reduced.  Simultaneously, 
the  negative  bias  on  the  input  sec- 
tion is  increased.  The  control  sec- 
tion output  resistance,  which  is 
roughly  equal  to  1/G„,  is  reduced 
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FIG.  7 — Increasing  the  values  of  cathode  resistor  provides  higher  gain 
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FIG.  8 — ^Distortion  level  for  the  three  values  of  cothode  resistors 
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since  the  transconductance  is  in- 
creased. The  increase  in  negative 
bias  on  the  input  section  reduces  the 
transconductance  of  that  section, 
and  consequently  reduces  the  gain. 
Thus  the  gain  is  reduced  by  two 
means. 

At  negative  values  of  control- 
section  voltage,  that  section  pre- 
sents a high  resistance  as  a load  to 
the  input  section,  increasing  the 
gain.  This  gain  is  also  increased  as 
a result  of  maximum  transconduct- 
ance of  the  input  section  at  small 
values  of  negative  bias.  This  effect 


is  shown  by  the  family  of  curves  of 
the  a-c  voltage  at  the  cathode.  The 
four  tubes  varied  rather  widely  in 
their  static  and  dynamic  character- 


istics. These  families  of  curves 
were  taken  with  a common  cathode- 
resistance  of  1,000  ohms. 

The  factor  (1  — A)  as  a function 
of  grid  voltage  applied  to  the  control 
tube  is  shown  in  Fig.  6.  The  two 
S-shaped  curves  were  measured 
with  two  values  of  cathode  resist- 
ance, while  the  third  curve  was  com- 
puted from  measured  tube  param- 
eters. The  calculated  curve  was 
obtained  by  calculating  the  gain  for 
each  value  using  the  correct  tube 
constants  as  obtained  from  Fig.  4. 
These  curves  show  a total  variation 


of  the  factor  of  the  order  of  three  to 
one.  The  curves  show  good  agree- 
ment except  near  the  end,  where  the 
control  tube  grid  is  cut  off. 


Figure  7 shows  curves  of  d-c  and 
a-c  cathode  voltage  for  600,  1,000 
and  2,000-ohm  cathode  resistors. 
Otherwise,  the  conditions  were  the 
same  as  those  of  the  previous 
curves.  The  higher  values  of 
cathode  resistance  gave  higher 
figures  of  gain  since  the  effect  of 
the  fixed  resistor  was  reduced. 

Linearity 

Figure  8 shows  the  maximum  sig- 
nal which  can  be  applied  to  the 
amplifier  grid  (triode  1)  without 
producing  perceptible  distortion  of 


FIG.  11 — ^Frequency  deviation  of  the  one- 
megocycle  oscillotor 


the  cathode  voltage  waveform.  At 
extremely  high  values  of  positive 
voltage  on  the  control  section,  the 
allowable  input  voltage  is  small. 
This  is  because  the  input  section  is 
operating  near  cutoff  with  a small 
effective  load  resistance,  and  the 
tube  parameters  vary  throughout  a 
cycle  of  applied  voltage. 

No  trouble  is  experienced  with 
negative  voltages  on  the  control 
section,  since  the  effective  load  re- 
sistance is  nearly  equal  to  the  resist- 
ance used  in  the  cathodes.  In  appli- 
cations of  this  circuit,  several  volts 
have  been  applied  to  the  input  grid 
without  observing  any  ill  effects  due 
to  the  harmonic  currents  drawn. 
This  is,  of  course,  primarily  a func- 
tion of  the  circuit  to  which  the  re- 
actance is  connected  and  its  imped- 


FIG.  10 — One-megaqrcle  f-m  oscillator  using  a two-stoge  amplifier  as  a variable 

reactance 
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fig.  9 ^Input  capacitance  of  tube  1 at  1.000  cycles  when  connected  in  the  circuit 

of  Fig.  3 
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ance  at  the  frequency  of  the 
harmonics. 

To  verify  the  theory,  values  of 
capacitance  were  calculated  and 
measured  for  the  circuit  of  Fig.  8. 
The  measurements  were  made  on  a 
standard  capacitance  bridge  at  a 
frequency  of  one  kilocycle.  The 
capacitance  was  calculated  by  using 
some  of  the  data  previously  shown 
of  cathode  voltage  as  a function  of 
control  voltage.  When  this  was 
known,  the  parameters  of  each  sec- 
tion were  determined  from  the 
curve.  These  values  were  then  sub- 
stituted into  the  equation  for  input 
capacitance.  There  was  a fair 
agreement  between  the  calculated 
and  measured  values,  as  shown  in 
Fig.  9. 

The  deviation  between  the  cal- 
culated and  measured  values  was 
greatest  at  the  two  extremes  of  grid 
voltage  where  the  plate  resistance 
and  transconductance  vary  most 
rapidly.  An  input  capacitance  was 
obtained  that  was  linear  over  ± 
10  percent  for  a change  of  control- 
section  grid  voltage  of  ± 0.5  volt. 
A total  variation  of  3 to  1 was  ob- 
tained. The  Q was  measured  with  a 
Q meter  and  was  found  to  vary 
from  30  to  60  in  the  frequency 
range  of  50  to  75  kilocycles. 

R-F  Oscillator 

Figure  10  shows  a radio-fre- 
quency frequency-modulated  oscil- 
lator using  a two-stage  amplifier  as 
a variable  reactance.  This  circuit 
operates  at  a carrier  frequency  of 
one  megacycle.  Amplifier  gain,  and 
hence,  amplifier  input  reactance,  is 
controlled  by  changing  the  trans- 
conductance of  VTi  by  impressing 
the  modulating  voltage  on  the  grid 
of  this  tube.  A 50-[jLti.f  capacitor  is 
used  for  the  feedback  reactance. 

The  plate  load  and  common  cath- 
ode resistor  values  are  proportioned 
to  produce  a gain  of  approximately 
unity  with  no  modulating  voltage. 

From  Eq.  2 it  may  be  seen  that  the 
reactance  is  infinite  for  no  modula- 
tion, a negative  capacitive  reactance 
for  positive  swings  of  modulating 
voltage  (gain  greater  than  unity), 
and  a positive  capacitive  reactance 


for  negative  swings  of  modulating 
voltage  (gain  less  than  unity). 

The  frequency  deviation  from  one 
megacycle  as  shown  in  Fig.  11  was 
linear  to  approximately  80  kc  on 
either  side  of  the  center  frequency, 
while  the  maximum  frequency  was 
1,310  kc  and  the  minimum  850  kc. 
Thus  a frequency  range  of  1.54  to 
1 was  obtained.  The  linear  variation 
was  obtained  with  a grid-voltage 
variation  of  =t0.8  volt,  and  the  total 
variation  was  obtained  by  varying 
the  voltage  applied  to  the  grid  from 
-1.8  to  -1-2.6. 

Audio  F-M  Oscillator 

Figure  12  shows  the  application 
of  the  circuit  of  Fig.  3 to  an  audio- 
frequency f-m  oscillator.  This  cir- 
cuit has  been  used  to  produce  linear 
frequency  deviations  of  ±17  per- 
cent when  operated  at  center  fre- 


FIG.  14 — Frequency  deviation  of  the 
audio  oscillator  is  linear  for  about  10 
percent  each  side  of  the  center  frequency 


quencies  varying  from  3 to  7 kilo- 
cycles. 

The  circuit  is  illustrated  func- 
tionally in  Fig.  13  and  consists  of 
three  low-gain  amplifier  stages  con- 
nected in  a ring  and  separated 
by  phase-shifting  networks.  Three 
tubes  were  used  instead  of  a single 
tube  as  in  the  usual  phase-shift  os- 


fig.  13 — ^Block  diagram  of  f-m  audio  oscillator 
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cillator  in  order  to  operate  all  re- 
actances at  an  equal  voltage  level. 
The  carrier  voltage  at  the  grids  of 
the  reactances  was  approximately 
two  volts. 

The  frequency  variation  of  one 
of  these  oscillators  is  shown  as  a 
function  of  grid  voltage  in  Fig.  14. 
The  output  frequency  was  linear 
over  a region  of  ±10  percent  of 
the  center  frequency  which  was 
four  kilocycles  in  this  particular 
case.  The  total  variation  obtained 


was  approximately  2,320  cycles.  The 
deviation  from  linearity  was  only 
0.5  percent  at  extremes  of  ±17  per- 
cent of  the  center  frequency,  and 
tests  with  square-wave  modulating 
signals  showed  the  transient  re- 
sponse to  be  good. 

Other  applications  of  the  dual- 
triode  reactance  circuit  include 
remote  tuning  (1.6  to  1 range), 
tuning  of  RC  frequency-selective 
circuits  and  filters,  production  of 


phase  modulation  and  for  self-bal- 
ancing bridges. 

Acknowledgement  is  gratefully 
made  to  E.  H.  Schulz  for  sugges- 
tions during  the  course  of  the  work 
and  assistance  in  preparation  of 
this  paper. 
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Citizens  Band  Signal  Generator 

Construction  details  of  a signal  source  designed  to  facilitate  development  work  on  the 
Citizens  Band.  The  unit  contains  a tunable  concentric-line  resonator  in  a Colpitts  oscil- 
lator circuit  using  a subminiature  tube 


Frustration  in  developmental 
and  experimental  work  at  the 
Citizens  Band  frequencies  due  to 
lack  of  a signal  generator  caused 
the  construction  of  the  instrument 
to  be  described. 

The  complete  generator  forms  a 
unit  that  may  be  built  at  a cost  for 
components  in  the  neighborhood  of 
$100.  It  consists  of  an  oscillator 
which  may  be  grid  modulated,  a 
calibrated  variable  attenuator  and  a 
regulated  power  supply.  The  cir- 
cuit diagram  is  given  in  Fig.  1. 

The  generator  contains  a sub- 
miniature 6K4  tube  in  a Colpitts 
oscillator  circuit.  The  tank  circuit 
for  this  oscillator  is  of  the  concen- 
tric-line resonator  tjrpe  and  is  tuned 
by  means  of  a variable  air  capaci- 
tor. The  plate  of  the  6K4  shunt 
feeds  the  high  side  of  the  tank 
circuit. 

A substantial  part  of  the  circuit 
inductance  is  contained  within  the 
tube  and  its  plate  and  grid  lead  in- 
ductance. It  is  therefore  necessary 
to  keep  the  plate  and  grid  lead 
lengths  down  to  ^ inch  to  obtain 
an  upper  frequency  limit  of  475 
megacycles. 


By  WALTER  C.  HOLLIS 

The  cathode  and  filament  are 
supplied  through  two  self-resonant 
chokes  which  have  been  experimen- 
tally adjusted  for  best  oscillator 
operation.  The  lead  length  is  not 
critical.  The  oscillator  may  be  ex- 
ternally grid  modulated  at  the  ter- 
minals shown.  This  connection 
contains  an  R-C  filter  to  prevent 
r-f  leakage  through  the  modulation 
circuit. 

The  oscillator  is  coupled  through 
a wall  in  its  resonator  into  a 
waveguide-below-cutoff  attenuator. 
This  is  a Measurements  Corpora- 
tion model  M-234  r-f  attenuator. 

Construction  Detoils 

The  oscillator  and  supply  are 
contained  in  a shielded  sheet-brass 
compartment  directly  attached  to 
the  M-234  attenuator  chassis.  The 
oscillator  is  assembled  within  a sep- 
arate shield  can  mounted  within 
the  main  shield  compartment.  Fig- 
ure 2 illustrates  the  construction  of 
the  oscillator  and  shield. 

The  oscillator  resonator  is  con- 
structed of  machined  brass  parts 
and  is  of  the  coaxial-line  type.  The 
resonator  is  a first  model  of  the  out- 


put resonator  for  the  transmitter 
described  in  the  November  1947 
issue  of  Electronics.  As  in  the 
construction  of  any  signal  gener- 
ator, all  joints  must  be  very  care- 
fully soldered  to  prevent  leakage. 

The  power  supply  is  mounted  on 
a sheet-brass  partition  which  is  sol- 
dered to  the  main  shield  compart- 
ment. The  grid  connection  is 
brought  out  to  terminals  on  the 
front  panel  through  an  R-C  filter. 
The  tuning  control  for  the  oscilla- 
tor is  brought  out  to  the  tuning  dial 
by  means  of  an  insulated  shaft.  The 
shielding  of  the  signal  generator 
is  completed  by  means  of  a remova- 
ble shield  cover. 

Frequency  Calibration 

The  transmitter  previously  de- 
scribed was  used  in  conjunction 
with  a communications  receiver 
and  a 1N34  crystal  to  obtain  the 
frequency  calibration  for  the  signal 
generator.  Figure  3 illustrates  the 
calibration  method. 

The  output  of  the  transmitter  is 
used  as  a local  oscillator  for  the 
crystal  mixer  which  beats  the  fre- 
quency of  the  signal  generator  down 
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Ri,  R^1,000, 1/2  w 
R2-10,000,  1/2  w 
R4-68O,  1 w 
R*-39,  1/2  w 

Cl,  C2-I2  nnf,  silvered  mica 

Cs,  C4,  C«,  C7-1 00-1, 000  n/jif  Erie  button 
mica,  type  370BB 

C6-30  ,xf,  350  V 

Li,  Li-11  turns  No.  23,  heavy  Formvar, 
closewound  on  1/2  watt,  100,000-ohm 
Allen-Bradley  resistor 

V1-6K4 


V2-OB2 

Y-75-ma  selenium  rectifier 


FIG.  1 — Complete  circuit  of  the  generator 


FIG.  2 — ^Mechanical  detcdls  of  oscillator  and  shield 


to  a low  frequency  which  may  be 
amplified  and  detected  by  the  re- 
ceiver. The  receiver  is  tuned  for 
the  strongest  signal  obtained  from 
the  signal  generator.  The  frequency 


at  which  the  signal  generator  is  os- 
cillating is  equal  to  465  me  plus  or 
tninus  the  frequency  to  which  the 
receiver  is  tuned.  If  the  oscillator  is 
started  with  the  tuning  capacitor 


set  a.t  full  capacitance  it  will  be  op- 
erating below  465  me  and  as  tuning 
is  accomplished  the  frequency  will 
increase.  This  method  will  supply 
complete  frequency  calibration  data 
for  marking  the  tuning  dial. 

This  same  setUp  was  used  to 
check  the  warm-up  time  and  the 
plate-voltage  stability.  A check  of 
the  warm-pp  drift  showed  that  the 
oscillator  waa  within  0.5  me  below 
its  final  frequency  of  473  me  within 
one  minute.  Complete  stability  was 
reached  within  five  minutes.  The 
plate-voltage  stability  was  found  to 
be  25  kc  per  volt. 

The  oscillator  was  modulated  and 
tested  using  the  receiver  previously 
described  (Elecjtronics,  March 
1948) . It  was  found  that  little  fre- 
quency modulation  was  introduced, 
as  evidenced  by  the  decrease  in 
audio  output  as  the  signal  level  of 
the  signal  generator  was  increased. 
The  limiters  in  the  receiver  became 
more  effective  as  the  signal  level 
was  increased,  reducing  the  effect 
of  amplitude  modulation.  However, 
frequency  modulation  is  undis- 
turbed by  this  effect.  Therefore  it 
is  believed  that  the  residual  fre- 
quency modulation  of  this  signal 
generator  is  quite  low. 

The  author  appreciates  the  help 
of  Jerry  Mintner  of  Measurements 
Corp.  who  conducted  tests  of  the 
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final  unit.  A considerable  electro- 
static field  was  observed  around  the 
tuning  dial  and  the  shield  cover 
joint  and  he  suggested  a length  of 


tubing  around  the  insulated  tuning 
shaft,  forming  a waveguide  atten- 
uator; and  bolting  of  the  cover 
about  every  half  inch. 


FIG.  3 — Setup  of  eqiupment  for  calibration  of  generator 


(8)  6-32  CLEAR- 


Details  of  oscillotor  shield  con 


POWER  SUPPLIES 

Arc-Back  Indicator 

Current  supplied  to  transmitting  tubes  passes  through  a toroidal  coil.  When  an  arc 
hack  occurs,  the  current  flow  in  the  reverse  direction  generates  a voltage  in  the  coil 
which  triggers  a thyratron  that  extinguishes  a neon  panel  lamp 

By  L.  C.  SIGMON  AND  R.  F.  WALZ 


IN  THE  OPERATION  of  high-power 
rectifiers,  one  type  of  failure 
which  is  particularly  exasperating 
to  the  operating  engineer  is  arc- 
back. 

Since  this  failure  cannot  usually 
be  located  by  metering  or  by  obser- 
vation, the  engineer  is  never  certain 
that  the  tube  which  is  replaced  in 
an  effort  to  correct  the  trouble  is 
the  one  which  is  failing. 

Many  devices  are  available  to  in- 
dicate the  passage  of  inverse  cur- 
rent through  each  tube  but,  until 
recently,  none  has  been  found  to  in- 
dicate only  the  failing  tube.  This  is 
explained  by  the  fact  that,  when  an 
arc-back  occurs  in  a rectifier  tube, 
the  overload  on  other  tubes  in  the 
rectifier  may  cause  them  to  pass  in- 
verse current  thereby  resulting  in 
the  indication  of  such  current  in 
several  tubes  simultaneously.  The 
equipment  to  be  described  herein 
does  not  have  this  fault  inasmuch 
as  it  will  indicate  only  the  first 
tube  to  pass  inverse  current. 

A schematic  diagram  of  the  in- 
strument is  shown  in  Fig.  1.  This 
diagram  shows  only  the  first  two 
and  last  stages  of  the  unit  but  it  is 
normally  supplied  with  six  identical 
stages.  The  dashed  lines  on  the 
schematic  indicate  the  two  major 
assemblies  of  the  arc-back  indi- 
cator, the  upper  block  containing 
the  electronic  assembly  and  the 
lower  block  the  indicator.  A third 
assembly  consists  of  the  toroidal 
coupling  coils. 


System  Components 

The  electronic  assembly  is  housed 
in  an  aluminum  cabinet  which  is 
suitable  for  mounting  in  any  posi- 
tion. The  indicating  unit  mounts 
an  indicating  lamp  for  each  posi- 
tion, a test  switch  for  each  circuit 
and  a reset  switch.  The  coupling 
coil  is  'toroidal  in  shape  and  de- 
signed to  be  mounted  over  the  exist- 
ing bus  structure  in  a rectifier. 
This  is  the  only  component  to  be 
mounted  in  the  rectifier  unit,  and 
modification  of  the  rectifier  circuit 
is  not  required. 

The  electronic  circuit  for  each 
stage  is  identical  and  comprises  a 
type  2D21  thyratron,  Fi,  a type 
NE-2  gas  discharge  tube.  Vs,  an 
input  divider  consisting  of  resist- 
ors Rs  and  Rs,  and  an  r-f  filter  con- 
sisting of  resistor  Ri  and  capacitor 
Cl.  The  cathodes  of  all  stages  are 
connected  together  and  return  to 
ground  through  the  reset  switch,  Ss, 
and  resistor  i2».  Positive  potential 
is  applied  to  the  cathodes  through 
resistor  Ra  which  maintains  an  ini- 
tial bias  so  that  the  thyratrons  are 
normally  non-conducting. 

When  a positive  pulse  of  sufficient 
amplitude  is  applied  to  the  input 
circuit  of  any  thyratron  by  its 
associated  coupling  coil,  the  thyra- 
tron is  triggered  and  conducts  cur- 
rent. The  thyratron  current,  pass- 
ing through  resistor  Ra,  increases 
the  bias  on  all  the  tubes  so  that  a 
similar  input  voltage  applied  to  any 
other  tube  will  not  be  of  sufficient 


magnitude  to  trigger  the  associated 
thyratron. 

The  voltage  limiter.  Vs,  assures 
that  the  blocking  bias  cannot  be  ex- 
ceeded irrespective  of  the  magni- 
tude or  direction  of  the  current 
flowing  through  the  bus  in  the 
center  of  the  coupling  coil  and 
thereby  prevents  indication  of  sym- 
pathetic arc-back  in.  other  tubes  of 
the  rectifier.  The  operation  of  the 
type  thyratron  used  is  of  sufficiently 
high  speed  compared  to  the  time 
separation  of  pulses  from  other 
tubes  passing  inverse  current  to 
insure  indication  of  only  the  first 
tube  to  arc-back. 

The  indicating  circuit  comprises 
resistors  Ra,  Ra,  and  Rj,  and  pilot 
lamp  F4.  Under  initial  conditions, 
the  plate  supply  voltage  is  applied 
through  resistor  Ra  to  the  voltage 
divider  consisting  of  resistors  Ra 
and  R7.  These  resistors  permit  the 
pilot  lamp  to  be  illuminated  when 
the  associated  thyratron  is  non-con- 
ducting. When  the  thyratron  is 
triggered,  the  current  passing 
through  resistor  Ra  decreases  the 
voltage  applied  to  the  pilot  lamp  and 
it  is  extinguished,  thereby  indicat- 
ing the  associated  thyratron  is  con- 
ducting. 

The  coupling  coil,  Ts,  has  many 
turns  of  wire  around  a core  of  high- 
permeability  transformer  alloy.  Its 
core  is  saturated  by  current  from 
the  plate  supply  passing  through 
the  coil,  resistor  Rt,  and  test  switch 
Si,  to  ground.  Capacitor  C,  con- 
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FIG.  1 — Circuit  of  the  first  two  and  last  stages  of  the  electronic  unit  and  indicator 


nects  the  coupling  coil  to  the  voltage 
limiter  and  the  input  circuit  of  the 
associated  thyratron.  The  coupling 
coil  operates  on  the  principle 
that  unidirectional  current  passing 
through  the  bus  in  the  center  of  the 
toroid,  when  properly  poled,  will  act 
to  increase  the  saturation  and,  be- 
cause of  the  magnetic  properties  of 
the  core,  will  fail  to  generate  any 
voltage  in  the  coil. 

Current  passing  in  the  reverse 
direction,  however,  will  act  to  de- 
crease the  saturation  and,  when  the 
effects  of  the  two  currents  are  such 
that  the  saturation  approaches  zero, 
a voltage  is  generated  in  the  coupl- 
ing coil.  This  voltage  is  used  to 
trigger  the  associated  thyratron. 

The  test  switch.  Si,  is  a normally 
closed,  momentarily  operated  switch 
which  is  used  to  open  the  circuit 
carrying  the  saturation  current 
through  the  coupling  coil.  The  sud- 
den cessation  of  current  resulting 
from  operation  of  the  test  switch 
causes  the  magnetic  field  in  the 
coupling  coil  to  collapse  thereby 
generating  an  induced  voltage 
which  is  applied  to  the  thyratron  as 
an  equivalent  to  an  arc-back  signal. 
Operation  of  this  switch  tests  the 
coupling  coil  circuit  establishing 
that  current  is  flowing  and  shows 
that  the  thyratron  and  associated 
indicating  lamp  are  functioning 
normally. 


The  reset  switch,  S2,  is  a normally 
closed,  momentarily  operated  switch 
which  is  used  to  open  the  cathode 
circuit  of  the  thyratrons.  When 
operated,  it  opens  this  circuit 
thereby  stopping  the  flow  of  current 
through  any  conducting  thyratron. 
When  released  the  circuit  is  re- 
stored but,  as  the  thyratrons  are 
now  nonconducting,  the  circuits  are 
ready  to  indicate  the  reception  of 


another  signal. 

The  use  of  an  arc-back  indicator 
results  in  the  saving  of  “down” 
time  in  the  event  of  this  type  of 
trouble  as  it  permits  instant  loca- 
tion of  the  defective  tube.  Replace- 
ment of  a good  tube,  erroneously  be- 
lieved to  be  the  source  of  arc-back 
failure,  is  eliminated,  permitting 
the  operation  of  rectifier  tubes  to 
the  end  of  their  useful  life. 


Versatile  Power  Supply 

By  WILLIAM  B.  MILLER 


Both  direct  and  alternating  volt- 
ages for  meter  testing  are  provided 
by  the  circuit  shown.  The  a-c  out- 
put is  continuously  variable  from 
0 to  1,200  volts  and  the  maximum 
d-c  output  is  fixed  and  regulated  at 
500  volts.  Lower  d-c  voltages  are 
obtained  by  means  of  a variable 
voltage  divider  which  allows  smooth 
control  down  to  zero  volt. 

Low  ripple  was  not  a factor  in 
the  design  and  only  ordinary  filter- 
ing was  used.  However,  the  action 


of  the  regulator  section  and  a srtiall 
amount  of  feedback  resulted  in  a 
measured  ripple  of  0.4  millivolt. 
Regulation  was  important  and  is 
quite  good.  After  the  output  was 
set  at  500  volts,  it  held  with  no  per- 
ceptible change,  with  a line  varia- 
tion from  90  to  125  volts  and  a 
load  variation  of  from  0 to  200 
milliamperes. 

Four  6L6G’s,  triode  connected, 
are  used  in  parallel  as  the  series 
regulators,  and  a 6SJ7  as  the  ampli- 


fier. Resistors  in  each  plate  lead  of 
the  6L6's  equalize  the  current  dis- 
tribution, and  resistors  in  each  grid 
lead  help  stabilize  and  limit  the 
grid  current.  A total  of  200  ma  may 
be  safely  drawn  from  this  combina- 
tion. 

The  6SJ7  control  amplifier  was 
considered  as  an  r-f  tube  and  care 
in  wire  placement  was  used  to  elim- 
inate erratic  operation  and  un- 
wanted oscillations.  Resistors  Rt 
and  Rs  supply  the  screen  voltage 
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and  also  the  keep-alive  voltage  for 
the  VR150,  the  current  through  the 
latter  being  about  15  ma  with  no 
load  on  the  supply.  The  divider  net- 
work across  the  output  supplies  the 
control  grid  voltage  for  the  6SJ7 
and  also  feeds  the  grid  any  fluctua- 
tions in  the  output  voltage.  The 
amplifying  action  of  this  tube  pro- 
vides the  regulating  effect.  Any 
change  on  the  grid  of  the  6SJ7  is 
amplified  and  transmitted  as  bias 
to  the  6L6’s,  which  changes  their 
series  resistance  in  the  proper  di- 
rection to  counteract  the  fluctua- 
tion. 

By  varying  Pi,  the  output  voltage 
is  brought  to  the  exact  value  de- 
sired. The  divider  was  calculated 
to  put  the  grid  5 volts  above  the 
cathode,  or  155  volts ; Pi  has  a range 
of  about  50  volts.  Potentiometer 
Pa  helps  in  reducing  ripple',  as  it 
feeds  the  unregulated  voltage  to 
the  regulated  side  and  any  ripple 
will  be  partially  cancelled  due  to 
the  180-degree  phase  difference  be- 
tween the  two. 

Resistor  Rj  and  capacitor  Ci  aid 
considerably  in  ripple  reduction. 
A 500,000-ohm  potentiometer  was 
used  for  Ri  and  adjusted  for  mini- 
mum ripple  voltage.  If  the  supply 
is  used  where  the  load  changes 
rapidly,  a 4r[Lf  600-volt  oil-filled  ca- 
pacitor across  the  output  helps  in 
maintaining  regulation. 

A-C  Output 

The  change  from  d-c  to  a-c  is  ac- 


complished by  means  of  a 4-pole 
double-throw  relay.  When  the  re- 
lay is  energized,  it  disconnects  the 
high-voltage  windings  from  the 
rectifier  tube  and  makes  them  avail- 
able by  means  of  a switch.  The  Va- 
riac,  connected  to  the  primaries  of 
one  filament  transformer  and  the 
plate  transformer,  controls  the  a-c 
output.  When  the  switch  selects 
the  filament  transformer,  a-c  from 
0 to  7.5  volts  is  available  at  the 
terminals.  With  half  of  the  plate 
winding  switched  in,  up  to  600  volts 
may  be  had.  With  the  full  winding, 
1,200  volts  are  available;  each  range 
being  continuously  variable.  The 
Variac  is  turned  down  whenever  a 


change  is  made  to  prevent  arcing 
at  the  relay  contacts. 

The  resistance  network  across 
the  output  divides  the  500  volts  d-c 
into  four  ranges,  each  range  being 
approximately  a 125-volt  step,  de- 
pending on  the  current  being 
drawn.  Thus  for  the  first  range 
the  voltage  is  0 to  125,  the  second 
from  125  to  250,  the  third  from  250 
to  375  and  the  last  from  375  to  the 
full  500.  The  arrangement  of  the 
potentiometers  gives  a very  smooth 
control  between  ranges  and  allows 
voltages  as  low  as  0.05  to  be  easily 
obtained.  The  two  10,000-ohm  po- 
tentiometers are  General  Radio  type 
314A,  rated  at  8 watts. 


Thyratron  Replaces  Vibrator 


The  circuit  of  an  electronic  con- 
verter that  supplies  alternating 
currefit  for  powering  radio  and 
other  electronic  units  is  shown  in 
the  diagram.  It  operates  from  a 
six-volt  battery  and  contains  no 
moving  parts. 

Other  types  of  tubes  than  the 
2051  shown  may  operate  as  well. 
Ck)ld-cathode  types  might  permit 
instant  starting  and  no  power  loss 


in  heating  the  filament.  The  in- 
ventor of  the  circuit,  Carl  R. 
Peterson  of  Los  Angeles,  Califor- 
nia, has  used  a UTC  universal  out- 
put transformed  as  Li  and  L»,  with 
the  0 to  8-ohm  tap  as  Li  and  8 to 
500-ohm  tap  as  Lg.  Low  ohmic  re- 
sistance and  high  inductance 
would  provide  greater  output.  The 
circuit  may  be  of  interest  to  de- 
signers of  truly  portable  television 


receivers  as  a j)icture  tube  anode 
supply.  A patent  has  been  applied 
for. 

With  switch  Ss  closed  and  Si  de- 
pressed momentarily,  current  will 
flow  from  the  battery  through  Li 
and  R.  The  current  is  limited  in 
value  by  the  resistance  R and  the 
resistance  of  the  inductive  wind- 
ing. When  Si  is  opened  and  left 
in  that  position,  an  induced  volt- 
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age  appears  across  C and  tube  V. 
This  voltage  will  be  in  series  with 
the  battery,  and  will  either  aid 
or  oppose  the  battery  voltage  on 
each  alternate  cycle. 

When  both  are  in  a positive 
direction  with  respect  to  the  anode 
of  the  tube,  the  voltage  will  be 
sufficient  to  ionize  the  gas  and 
the  tube  will  then  conduct  current 
in  that  one  direction.  The  gas- 
filled  tube  may  be  considered  as  a 
switch  of  zero  resistance,  and  a 
back  emf  of  about  5 volts.  There- 
fore both  the  induced  current  and 
current  from  the  battery  will  flow 
in  the  circuit. 


Simple  thyrertron  circuit  provides  high- 
Toltoge  a-c  output 


When  the  induced  voltage  plus 
the  battery  voltage  falls  to  about 
12  volts,  the  tube  will  extinguish 
and  thus  effectively  open  the  cir- 
cuit. With  the  circuit  open,  the 
field  in  L,  will  collapse,  the  in- 


duced voltage  will  ionize  the  tube 
and  the  cycle  will  repeat  until  Sa 
is  opened.  The  entire  circuit  is 
analogous  to  that  of  an  ordinary 
ignition  circuit  with  the  exception 
that  the  breaker  points  are  re- 
placed by  the  gas-filled  arc  tube. 

The  output  of  the  transformer 
may  be  rectified  and  filtered  in  the 
usual  manner.  The  unit  has  been 
used  to  operate  an  ordinary  a-c 
radio  with  .6V6  output  tube,  and 
the  energy  is  sufficient  to  operate  it 
in  a satisfactory  manner  with  good 
volume  on  local  stations.  There  is 
no  noise  or  hum  present  in  the  out- 
put. 


Stable  Electronic  Voltage  Regulator 

By  PETER  G.  SUIZER 


Elecjteonic  voltage  regulators 
have  been  employed  when  a d-c 
supply  having  excellent  regulation 
and  stability  is  required.  It  is  the 
purpose  of  this  paper  to  describe 
a circuit  which  produces  a substan- 
tial improvement  in  performance 
with  but  little  increase  in  complex- 
ity. 

The  regulator  under  considera- 
tion consists  of  a voltage-control 
tube,  a d-c  amplifier,  a stable  volt- 
age standard,  and  a means  for  com- 
paring the  controlled  voltage  with 
the  standard  voltage.  A popular 
scheme*’*  is  that  of  Fig.  1 A,  which 
contains  a control  tube,  Vi,  a volt- 
age amplifier,  F„  and  a constant- 
voltage  glow  tube,  Vi.  Comparison 
occurs . in  the  grid-cathode  circuit 
of  Vy  Analysis  has  shown*  that 
one  requirement  for  good  regulation 
is  high  gain  in  the  voltage  amplifier. 
Thus  a pentode  is  usually  employed 
for  Vy  or  the  cascode  amplifier*  has 
been  used.  Higher  gain  may  be  ob- 
tained with  the  cascade  amplifier* 
of  Fig.  IB.  It  will  be  noted,  how- 
ever, that  cathode  degeneration  oc- 
curs in  Va  and  F*.  In  order  to  realize 
the  full  gain  capabilities  of  the  two- 
stage  amplifier  the  circuit  of  Fig. 
1C  has  been  devised.  Here  both 
cathodes  see  a low  impedance 


FIG.  1 — Basic  voltage  regulator  circuit 
diagrams 


through  the  glow  tube  K,  which  is 
used  as  the  voltage  standard.  The 
control  grid  of  F*  is  connected  to  a 
voltage  divider  connected  across  the 
output  of  the  regulator.  Therefore 
the  output-voltage  variations  are 
applied  to  both  cathodes,  and  it  can 
be  seen  that,  as  a result,  the  effec- 
tive voltage  gain  of  F*  is  decreased 
by  unity.  This,  however,  is  of  little 
consequence  when  high-|i,  tubes  are 
employed. 


Performance 


To  calculate  the  performance  of 
the  regulator,  consider  the  equiva- 
lent circuit  shown  in  Fig.  2A,  where 
e,  and  e„  are  the  input  and  output 
voltages  respectively,  and  [i.  re- 
fer to  the  control  tube  (Fi  in  Fig. 
1C),  e,  is  the  standard  voltage,  A.  is 
the  voltage-amplifier  gain,  1/N  is 
the  voltage-divider  attenuation,  and 
;Bl  is  the  resistance  presented  by  the 
load.  Considering  incremental  volt- 
ages. 


~w 


+ ABo 


Rp  "I-  Rl 


ABo 

Rl 


(1) 


Rearranging,  it  is  found  that 


Aci 


1 

1 + JU  + Rp  + M -^O 
Rl  N 


(2) 


where  Ac„/Ae,  is  defined  as  the  in- 
put regulation.  It  is  desired  to 
minimize  this  quantity,  which  can 
be  accomplished  conveniently  by  in- 
creasing Ao. 

The  output  regulation  can  be  spe- 
cified in  terms  of  the  equivalent 
source  resistance  J?i.  Considering 
the  regulator  as  an  amplifier  having 
negative  voltage  feedback,  it  can 
be  shown*  that  the  source  resistance 


Ri  = 


R 

1 + 4/S 


(3) 
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where  R is  the  output  resistance  of 
the  amplifier  in  the  absence  of  feed- 
back, A is  the  amplifier  voltage  gain 
for  the  same  condition,  and  3 is  the 
fraction  of  the  voltage  fed  back. 
In  the  circuit  of  Fig.  1C,  Vx  can  be 
considered  as  a cathode  follower  of 
R 

output  resistance and  volt- 

M + 1 

age  gain  — — Substitut- 

Kp  “T  (1  T" 

ing, 

R, 

jf  ^ M + 1 f.s 

1 + f tJti,  \ 

\Nj  \R,+  (1  + mJ 

For  the  practical  circuit  of  Fig. 
2B,  where  A„  = 4,000,  N ^ 2,  =5, 

and  R,  = 750  ohms,  one  obtains 
from  Eq.  2 and  4,  ACo/Ae,  1/10,- 
000,  and  Ri  « 0.06  ohm.  These  cal- 
culations were  made  for  a 60-ma 
load  (Ri.  = 5,000).  Thus  a 50-volt 
input  change  would  appear  as  a 
change  of  but  0.005  volt  at  the  out- 
put, while  the  output  voltage  will 
change  O.OOS  volt  as  the  load  cur- 
rent is  increased  from  0 to  50  ma. 

An  improvement  in  the  perform- 
ance of  the  circuit  can  be  obtained 
by  increasing  A„  through  regenera- 
tion. A resistor  connected  between 
the  plate  of  Va  and  the  grid  of  Va 
will  accomplish  the  desired  result. 
In  this  manner  A*  can  effectively  be 
made  infinite,  with  resulting  per- 
fect regulation. 

Circuit 

If  the  circuit  given  above  is  in- 


FIG.  2 — StobiUsed  voltage  regulator  cir- 
cuit mointtdns  constont  output  Tpltage 
for  ten-percent  line-voltage  fluctuotione 
and  load  variations  from  0 to  80  mo 

corporated  into  a power  supply,  it 
is  found  that  the  output  voltage 
will  still  vary  as  the  line  voltage 
is  changed.  This  is  caused  by 
heater-voltage  variations  changing 
the  effective  bias  on  the  control  grid 
of  Va.  A simple  method  of  compen- 
sation ^ consists  of  inserting  diodes 
Va  and  Va  in  Fig.  2B,  in  series  with 
the  control  grid  of  Va.  If  the  tubes 
are  operated  from  a common  heater 
supply  it  is  possible  to  obtain  almost 
complete  compensation  over  the 
normal  range  of  heater-voltage 
variations. 

Adjustment 

In  aligning  the  regulator,  Ra  was 
disconnected,  and  Ra  was  set  for 


zero  diode  compensation.  The  con- 
trol Ri  was  set  for  the  desired  out- 
put (between  225  and  275  volts). 
The  d-c  input  of  the  regulator  was 
then  varied  over  a range  of  50  volts, 
and  Ra  was  selected  for  zero  output- 
voltage  variation.  The  diode-com- 
pensation control  was  next  set  for 
minimum  output-voltage  change  as 
the  line  voltage  was  changed  ± 10 
percent. 


Performance 

A final  check  of  performance 
showed  the  output  voltage  to  be  con- 
stant within  .0.02  volt  for  ± 10  per- 
cent line-voltage  variations  and  for 
load  currents  from  0 to  80  ma,  the 
maximum  current  for  the  6Y6G. 
The  output  voltage  was  constant 
within  0.025  volt  (with  fixed  load 
current)  over  a period  of  one  day. 
The  output  impedance  was  less  than 
0.2  ohm  at  all  frequencies  below 
200  kilocycles. 
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Filament  Voltage  Regulator 


A NOVEL  circuit  for  stabilizing 
tube  heaters  is  employed  in  the 
design  of  a differential  analyzer  by 
R.  L.  Garwin  of  the  University  of 
Chicago.  One  section  of  the  ana- 
lyzer makes  use  of  a d-c  feedback 
amplifier  connected  as  an  inte- 
grator. 

The  most  difficult  problem  in  the 
design  was  the  input  behavior  of 
the  d-c  amplifier,  that  is,  grid  cur- 
rent and  grid-cathode  potential 
changes.  It  was  felt  that  the  use  of 


standard  receiving  tube  types  was 
an  important  advantage  worth  con- 
siderable effort  to  achieve.  Grid 
current  was  finally  reduced  to  less 
than  10‘*  amp  without  tube  selec- 
tion by  using  a 6AK5  at  100-/xa 
plate  current. 

The  grid-cathode  potential  was 
stabilized  by  regulating  the  aver- 
age heater  power  to  better  than  0.1 
percent  by  the  scheme  illustrated  in 
the  accompanying  diagram.  In 
this  circuit,  the  filament  of  the  first 


diode  is  operated  at  such  current 
that  the  emission  is  temperature- 
limited.  It  is  then  easily  shown  that 
the  sensitivity  of  the  space  current 
to  heater  voltage  variation  gives 
about  two-volt  change  in  plate  po- 
tential for  0.1  percent  heater  volt- 
age change.  This  error  signal  is 
then  amplified  and  applied  through 
the  power  output  tube  and  trans- 
former. By  this  means,  it  is  made 
to  maintain  a constant  heater 
voltage. 
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Circuit  lor  regulating  a-c  heater  of 
omplilier  tube 


Regulated  Voltage  Divider 

By  WILLIAM  B.  BERNARD 


In  many  electronic  circuit  applica- 
tions it  is  desirable  to  have  a volt- 
age-divider system  with  good  regu- 
lation. This  may  be  needed  to  pro- 
tect circuit  components  from  high 
voltages  during  starting  periods  or 
it  may  be  needed  to  insure  proper 
circuit  operation  during  steady- 
state  operation. 

When  the  current  drain  from  the 
intermediate  tap  is  small,  VR  tubes 
can  be  used  to  insure  good  regula- 
tion. When  the  current  drain  is 
high  an  electronically  regulated 
power  supply  or  a resistive  voltage 
divider  with  a high  bleeder  current 
may  be  used.  Both  of  these  systems 
suffer  from  some  disadvantages. 
The  electrically  regulated  supply  is 
complicated  and  the  range  over 
which  the  output  voltage  may  be 
varied  is  small.  The  bleeder  system 
is  very  wasteful  of  power  and  power 
supply  components  of  a higher  ra- 
ting are  needed  to  support  it. 

If  the  requirements  placed  on 
regulation  of  the  intermediate  out- 
put voltage  are  not  too  stringent, 
most  of  the  benefits  of  a regulated 
supply  without  all  the  complications 
can  be  obtained.  If  a stable  high- 
voltage  supply  is  available  and  good 
but  not  perfect  regulation  of  the  in- 


FIG. 1 — The  basic  circuit  is  shown 
at  A.  Typical  values  of  circuit  B apply 
when  the  power  supply  bleeder  resistor 
is  used  for  the  voltage  divider 

termediate  voltage  is  desired,  the 
circuit  of  Fig.  1 is  simple  and  satis- 
factory. With  a triode-connected 
6L6  the  output  impedance  will  be 
about  200  ohms.  This  is  far  lower 
than  can  be  obtained  from  a bleeder 
system  using  a reasonable  bleeder 
current. 

Resistors  Ri  and  are  selected 
to  give  a voltage  at  point  A just  a 
little  below  the  desired  intermediate 
voltage.  The  value  of  R^  and  R^ 
should  be  such  that  the  grid  circuit 
resistance  is  at  least  100,000  ohms 
to  protect  the  grid  if  an  extremely 
heavy  load  is  placed  on  the  inter- 
mediate supply.  If  Ri  and  R^  are 
lower  in  value  to  act  as  a bleeder  to 
stabilize  the  high-voltage  supply. 


a resistor  in  series  with  the  grid 
lead  should  be  added  to  make  the 
grid  circuit  resistance  sufficiently 
high,  as  shown  in  B. 

If  the  only  reason  for  desiring 
good  regulation  is  to  prevent  the 
application  of  abnormally  high 
voltages  on  the  components  fed 
from  the  intermediate  circuit 
while  the  tubes  are  warming  up  and 
if  poorer  regulation  during  the 
operating  can  be  tolerated,  a resis- 
tor may  be  added  in  the  plate  cir- 
cuit of  y,  to  reduce  the  plate  dis- 
sipation of  the  tube. 

If  Ri  and  R2  are  replaced  with  a 
potentiometer  of  suitable  rating 


FIG.  2 — Almost  any  desired  value  of 
intermediate  voltage  is  obtained  with 
this  arrangement 

(Fig.  2)  the  output  of  the  circuit 
can  be  varied  over  almost  the  entire 
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range  from  zero  to  the  value  of  the 
high  voltage. 

A tube  for  use  in  this  circuit 
must  of  course  have  ratings  high 


enough  to  stand  the  voltage  current 
and  dissipation  to  which  it  will 
be  subjected.  A high  tranconduct- 
ance  is  desirable  because  the  cath- 


ode output  impedance  is  roughly 
equal  to  l/Pm-  The  heater  supply 
must  be  furnished  from  a separate 
well-insulated  secondary. 


Optimum 


CmcuiT  CONSTANTS  of  the  familiar 
gas  tube  voltage  regulator  can  be 
adjusted  to  give  a maximum  possi- 
ble regulation;  This  analysis  is  to 
determine  the  optimum  conditions. 
The  straight  line  current-voltage 
characteristic  shown  in  Fig.  lA  of 
neon  gas  tube  voltage  regulators 
such  as  the  991  and  VR-75  makes  a 
simple  mathematical  analysis  pos- 
sible. In  the  use  of  regulators  that 


FIG.  1 — ^If  choracterfstic  of  900  tubo  Is  a 
itrcdqht  lino  (A),  its  rsquloting  octlon  in  a 
circuit  (B)  eon  bs  anolyssd 


contain  gases  other  than  neon  (VR- 
90,  VR-105,  VR-150)  the  voltage- 
current  curve  cannot  be  assumed 
to  be  a straight  line;  however,  the 
general  choice  of  circuit  constants 
as  derived  in  the  following  analysis 


Parameter  for  VR  Tubes 
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holds  for  all  types  of  gas  tube  volt- 
age regulators. 

The  equation  of  the  characteris- 
tics line  is 

e ^ cdi  + b (1) 

where  a ^ (2) 

and  6 — oi,  (3) 

Figure  IB  represents  a typical  gas 
tube  voltage  regulator  circuit.  In  it 

15  = (ti  + t*)  ft.  + « (4) 


where  Ra  is  the  resistance  of  the 
current  limiting  resistor  commonly 
used  with  stabilizer  tubes.  Also 


e — RlIi  « ail  4-  6 

(5) 

•0 

1 

II 

(6) 

a 

e 

Rl 

(7) 

Rewriting  Eq.  4 gives 

*“(  a ' 

(8) 

or 

oRlE  4~  bRiRs 

RlRb  4*  oft.  4“  <iRl 

(9) 

Equation  9 is  the  expression  for 


the  regulated  voltage  as  a function 
of  the  supply  voltage  and  the  cir- 
cuit parameters. 

Differentiating  Eq.  9 gives 


dc  oftt 

ds  fti  (ft.  4*  o)  + oft. 


(10) 


Substituting  in  Eq.  9 and  10  gives 

JiL  a (11) 

dB  aE  + hft.  ^ 


For  the  best  regulation  de— dE 
should  be  made  as  small  as  pos- 
sible ; for  perfect  regulation  de— dE 
should  equal  zero.  In  the  design  of 
voltage  regulator  circuits  e and  a 
should  be  made  small  and  b.  E,  and 
Ra  should  be  made  as  large  as  pos- 
sible. An  analysis  of  Fig.  IB  shows 
that  Ra  can  be  made  larger  if  the 
value  of  Rl  is  increased.  In  other 
words,  the  regulation  becomes  bet- 
ter as  the  load  current  is  decreased. 
In  adjusting  the  circuit  constants 
for  maximum  regulation  it  should 
be  remembered  that  the  above  math- 
ematical analysis  holds  only  over 
the  working  range  of  the  gas  tube 
used.  Table  I shows  the  results  of 
tests  on  the  VR-75  tube  of  Fig.  lA 
used  in  the  circuit  of  Fig.  IB. 


Table  I — ^Measured  Regulation 


E 

Rl 

Ra 

e 

AE,  change 

Ae,  change 

in  input 

in  output 

VOLTS 

OHMS 

OHMS 

VOLTS 

voltage 

VOLTS 

voltage 

VOLTS 

145 

00 

15,500 

67.40 

20 

0.25 

165 

00 

15,500 

67.65 

230 

00 

32,500 

67.40 

20 

0.15 

250 

00 

32,500 

67.55 

230 

3,000 

5,850 

67.40 

20 

0.60 

250 

3,000 

5,850 

68.00 
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VHF  Field  Intensities 


Nomograph  shows  fields  in  microvolts  per  meter  for  transmitter  powers  up  to  500  watts, 
antennas  up  to  500  feet,  over  obstructions  *as  high  as  10,000  feet  in  the  frequency  range 

between  20  and  260  me 


By  E.  A.  SLUSSER 


IN  PLANNING  a new  vhf  point- 
to-point  radio  circuit,  it  is 
first  necessary  to  make  some  es- 
timate of  the  expected  transmis- 
sion between  the  two  points  in 
question  in  order  to  determine 
the  feasibility  of  such  a circuit. 
Likewise,  in  planning  a new  vhf 
mobile  system  the  expected  cov- 
erage over  flat  land  and  into 
shadowed  areas  must  be  prede- 
termined. These  estimated  trans- 
mission figures  can  be  used  to 
assist  in  the  selection  of  equip- 
ment and  location  of  transmitter 
sites.  Such  estimates  are  usually 
made  by  means  of  profile  maps 
and  transmission  nomographs. 

Previous  nomographs  for  esti- 
mating field  intensities  in  the 
vhf  frequency  range  have  been 
made  for  small  segments  only  of 
the  total  band  of  frequencies, 
thus  necessitating  several  charts 
to  cover  the  entire  band.  This 
nomograph  enables  one  to  select 
a given  frequency  in  the  range 
between  20  and  260  me  and  esti- 
mate the  field  intensity  for 
either  transmission  over  smooth 
land  or  transmission  over  paths 
involving  shadow  losses.  It  as- 
sumes either  horizontal  or  ver- 
tical polarization  over  land  and 
horizontal  polarization  over  sea 
water.  It  also  assumes  50-watt 
transmitters  and  half-wave  an- 
tennas elevated  40  feet  above  the 
ground,  but  supplementary  con- 
version data  is  given  for  other 
powers  and  antenna  heights. 


A 


F:FREO  IN  MC 
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To  use  the  nomograph,  it  is 
necessary  to  draw  an  elevation 
profile  of  the  intervening  terrain 
between  the  two  proimsed  sta- 
tion sites.  An  example  is  shown 
in  Fig.  1.  A triangle  is  con- 
structed by  drawing  two  lines 
from  the  station  sites,  X and  Y, 
each  tangent  to  the  nearest  hill 
or  obstruction  that  blocks  the 
line-of-sight  path.  A base  line  is 
also  drawn  to  intersect  the  two 
sites,  and  a vertical  line  is  drawn 
through  the  apex  of  the  triangle 
and  intersecting  the  base  line. 

The  information  taken  from 
this  figure  includes : A,  which  is 
always  the  shortest  distance  in 
miles  from  one  of  the  station 
sites  to  the  vertical  line ; H, 
which  is  the  height  in  feet  along 
the  vertical  line  between  the 
apex  of  the  triangle  and  the  in- 
tersection of  the  base  line;  and 
the  total  transmission  distance 
D.  This  information,  along  with 
a given  frequency  F in  the  vhf 
range,  can  be  applied  to  the 
nomograph.  The  steps  follow : 

(1)  A point  on  graph  1 is 
located  representing  (F,  A), 
and  this  point  is  projected  hori- 
zontally to  a point  on  scale  A. 

(2)  H is  determined  and  a 
line  is  constructed  through  H 
and  the  point  on  scale  A.  This 
line  intersects  B at  some  point. 

(3)  A point  representing  the 
frequency  and  the  total  distance 
(F,  D)  is  determined  on  graph 
2,  and  this  point  is  projected 
horizontally  to  scale  C. 

(4)  A line  is  constructed  pass- 
ing through  the  points  on  scales 
B and  C and  intersecting  scale  D. 

(5)  The  estimated  field  in- 
tensity in  db,  referred  to  one 
microvolt  per  meter,  is  taken  at 
the  point  where  this  line  inter- 
sects scale  D. 

For  estimating  field  intensity 
over  smooth  land,  scale  A is  not 
used  and  H is  taken  as  being 
zero. 

The  transmission  estimates 
made  by  use  of  this  nomograph 
are  based  on  standard  condi- 
tions. The  data  that  are  obtained 
are  in  general  agreement  with 


experience  for  smooth  or  moun- 
tainous terrain.  The  factors 
affecting  vhf  transmission  are 
both  natural  (such  as  meteoro- 
logical effects,  type  of  soil  and 
surrounding  vegetation)  and 
artificial  (for  example,  antenna 
height,  antenna  gain,  transmit- 
ter power  and  transmission-line 
loss).  The  latter  items  can  be 
taken  into  consideration  when 
making  an  estimate  and  a new 
equivalent  field  intensity  (equiv- 
alent on  the  basis  of  a half-wave 
antenna)  can  be  found. 

A sample  calculation  can  be 
made  between  locations  X and  Y 
by  using  the  profile  given  in  Fig. 
1.  Assume  the  following:  at  the 
transmitter  end  a 100-watt  150- 
mc  transmitter  using  a three-ele- 
ment parasitic  antenna  having 
a gain  of  6 db  mounted  on  a 90- 
foot  pole;  on  the  receiving  end 
another  three-element  6-db-gain 
antenna  mounted  on  a 30-foot 


FIG.  3 — Conversion  graph  ior 
receiver  input  voltage 

pole;  a combined  transmission- 
line loss  of  3 db  at  both  ends. 


+ 30| 
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FIG.  2 — Conversion  graph  for  antenna  elevation  and  transmitter  power 


Table  I — Expected  Circuit  Performance  With  Average  Receiver 


Frequency  Range  in 
Me 

Equivalent  estimated  field  intensity 
in  db  referred  to  IjuV  per  meter 

Probably 

Unsatisfactory 

Questionable 

Probably 

Satisfactory 

20-40 

< — 5db 

— 5 to  4*  5db 

> 4-  5db 

40-70 

< 0 

0 to  4"  10 

> -f  10 

70-100 

< + 5 

+ 5 to  -f  15 

>4-15 

100-120 

< + 10 

-P  10  to  4-  15 

>4-15 

120-160 

< -f-  10 

4-  10  to  4-  20 

>4-20 

160-220 

< + 15 

4- 15  to  4-  20 

>4-20 

220-260 

<4-15 

15  to  4“  25 

>4-25 
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The  answer  is  + 14.5  db. 

By  comparing  the  estimated 
data  with  the  receiver  input  level 
requirements  one  can  determine 
whether  or  not  the  circuit  will  be 
probably  satisfactory.  For  the 
average  receiver  the  perform- 
ance can  be  taken  from  Table  I. 

In  making  the  above  compari- 
son one  must  take  into  considera- 
tion the  amount  of  man-made 
noise  present  in  the  receiver 
area.  The  above  figures  are 
based  on  average  noise  condi- 


tions but  in  extremely  noisy 
areas  it  may  be  necessary  to  in- 
crease the  figures  by  about  20  db. 

In  order  to  compare  the  above 
data  with  receiver  sensitivity,  it 
may  be  desirable  to  convert  field 
intensity,  which  is  given  in 
terms  of  db  above  one  microvolt 
per  meter,  to  microvolts  appear- 
ing at  the  receiver  terminals. 

This  can  be  done  by  means  of 
Fig.  3.  This  figure  assumes  a 
half-wave  antenna  connected  to 
the  receiver  terminals  (72  ohms 


input)  by  means  of  a zero-loss 
transmission  line.  The  voltage 

(for  half-wave  antennas)  ap- 
pearing on  the  receiver  termi- 
nals is  0.32L£7  where  L is  the 
length  of  the  antenna  in  meters 

and  E the  field  intensity  in  mi- 
crovolts per  meter. 

For  the  previous  example, 
-f  14.5  db  equivalent  field  inten- 
sity at  150  me  corresponds  to  ap- 
proximately 1.7  microvolts  at  the 
receiver  terminals. 


Calculating  UHF  Field  Intensities 

Curves  based  upon  accepted  propagation  concepts  facilitate  theoretical  prediction  of 
television  field  intensities  between  470  and  890  me  until  more  experience  is  obtained. 
Data  on  nulls  and  maxima  resulting  from  path  differences  are  included  to  show  their 

location  in  miles  from  the  transmitter 


The  recent  allocations  proposals 
by  the  FCC  for  commercial 
television  broadcasting  in  the  band 
from  470  to  890  me  have  centered 
attention  on  propagation  problems 
at  these  frequencies.  In  order  to 
facilitate  thq  prediction  of  theoreti- 
cal ground-wave  field  intensities  in 
this  band,  the  group  of  charts  pre- 
sented here  has  been  prepared. 

The  methods  for  the  calculation 
of  field  intensities  employed  were 
originally  proposed  by  Norton'  and 
have  been  conveniently  summarized 
by  Terman.* 

Field  Near  Transmitter 

The  equation  for  field  intensities 
in  the  immediate  vicinity  of  the 
transmitting  antenna  for  the  ultra- 
high  frequencies  under  considera- 
tion is  given  by  Terman*  as 

n tj  T n 2 Ee  Pi  . 2Tr  ha 

Reid  Intensity,  E — — ^ — sin  ■ (1) 

where  Eo  is  the  reference  field  in- 
tensity produced  at  a distance  d of 
one  mile  for  an  effective  radiated 
power  P of  one  kilowatt,  and  h,  a 
and  X are  the  heights  of  the  trans- 
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mitting  and  receiving  antennas  and 
the  wavelength,  respectively. 

The  reference  field  intensity  se- 
lected by  the  FCC  as  an  f-m  and  tv 
standard  is  that  developed  in  the 
equatorial  plane  of  a half-wave  an- 
tenna under  the  conditions  specified 
above,  or  137.8  millivolts  per  meter. 
Such  an  antenna  has  a power  gain 
of  1.641  when  compared  to  an  iso- 
tropic radiator. 

Using  this  value  for  Eo  and  sub- 
stituting 186,200  miles  per  sec  -t- 
/ or  (c/f)  for  X,  with  h and  a in  feet 
and  / in  megacycles,  Eq.  1 can  be 
reduced  to 

£ Pi  sin  ^ microvolts  per  meter 

where  e = 6.92  X 10^  haf/d  degrees  (2) 
It  can  be  seen  from  Eq.  2 that 
for  a fixed  distance  and  receiving 
antenna  height,  a single  value  of 
field  intensity  will  result  for  a given 
frequency-transmitting  antenna 
height  fh  product.  Thus,  where  Eq. 
2 applies,  a transmitting  antenna 
height  of  1,000  feet  at  450  me  will 
produce  the  same  field  intensity  as 
500  feet  at  900  me,  other  factors 
being  equal. 


This  relationship  has  been  em- 
ployed to  simplify  the  construction 
of  the  field-intensity  chart,  which  is 
similar  in  many  respects  to  previ- 
ous charts  published  by  the  FCC  for 
field-intensity  calculations  in  the 
vhf  band.  Here,  the  product  fh 
serves  as  the  independent  variable, 
which  permits  the  use  of  a single 
chart  for  the  entire  frequency  band 
under  consideration. 

Phase  Interference 

Near  the  transmitting  antenna, 
a series  of  oscillations  will  occur  in 
the  field  intensity  as  a result  of 
phase  interference  due  to  differing 
path  lengths  traversed  by  the  space 
wave  and  ground-reflected  wave 
components  of  the  signal.  This  effect 
is  indicated  by  the  sine  term  of 
Eq.  2,  which  will  oscillate  between 
unity  and  zero  in  value  as  6 reaches 
successive  values  of  90,  180,  270 
degrees,  and  so  on.  The  nulls  and 
maxima  thus  produced  will  become 
much  more  frequent  with  decreas- 
ing distance.  However,  the  latter 
will  always  be  tangent  to  a curve 
along  which  the  field  intensity  var- 
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ies  inversely  with  distance.  Such  a 
curve  can  therefore  serve  as  a guid- 
ing upper  limit  when  the  graph  is 
used  to  secure  a plot  of  £7  as  a func- 
tion of  d. 

The  approximate  distances  at 
which  the  above  mentioned  nulls 
occur  for  various  fh  products  can  be 
estimated  from  the  null  lines  that 
have  been  drawn  for  the  first  five 
nulls.  These  null  points  may  be 
more  exactly  determined  from  the 
smaller  graph,  Fig.  2,  which  repre- 
sents the  distance  to  the  various 
maximum  and  null  points  as  a func- 
tion of  fh.  The  dotted  lines  adja- 
cent to  the  first  null  line  in  Fig.  1 
serve  to  indicate  the  points  at  which 
the  field  intensity  curves  will  start 
to  fall  from  and  return  to  the  in- 
verse distance  curve  on  either  side 
of  the  first  null,  giving  some  idea  of 
the  behavior  of  the  field-intensity 
curves  in  a null  region. 

As  the  transmission  distance  in- 
creases, nulls  cease  to  appear,  and 
field  intensities  will  progressively 
diminish,  varying  as  the  inverse 
square  of  the  distance  when  0 has 
decreased  to  20  degrees  or  less. 
This  is  seen  in  Eq.  2 where  sin  0 
may  be  replaced  by  0 itself  for  the 
values  of  0 just  mentioned,  causing 
d to  be  squared  in  the  denominator. 

Equation  2 may  be  used  with  ac- 
curacy until  0 equals  ten  degrees, 
or  until  the  radio  line-of -sight  hori- 
zon has  been  reached.  Beyond  these 
limits  a different  expression  must 
be  employed  which  provides  field  in- 
tensities in  the  diffraction  region 
where  the  receiving  antenna  is  be- 
low the  line-of-sight.  In  order  to 
obtain  the  continuous  curves  that 
appear  in  Fig.  1,  smooth  transition 
curves  were  drawn  between  the  field 
strengths  calculated  for  line-of- 
sight  conditions  and  the  field 
strengths  calculated  for  the  diffrac- 
tion region. 

It  should  also  be  noted  that  values 
shown  in  Fig.  1 for  fh  products  of 
10*  or  more  are  approximate  only. 

Diffraction  Region  Fields 

Field  intensities  in  the  diffrac- 
tion region  where  the  receiving 
antenna  is  below  the  line-of-sight 
are  computed  by  means  of  an  ex- 


pression due  to  Norton  and  given 
by  Terman*  as : 

E ^ Fi  Ft  Etu  (3) 

where  is  the  surface  wave  in- 
tensity at  the  point  on  the  earth’s 
surface  below  the  receiving  antenna 
as  calculated  from  Eq.  10,  par.  2 
of  the  same  reference*,  and  F,  and 
Fa  are  the  appropriate  height  fac- 
tors for  the  transmitting  and  re- 
ceiving antennas  as  given  by  Eq.  20, 
par.  3 of  the  source  above. 

It  is  apparent  from  Fig.  1,  that 
in  the  diffraction  region  the  fre- 
quency-height product  relationship 
no  longer  holds,  and  as  a result 
separate  distance  scales  have  been 
provided  for  600  and  900  me,  with 
the  addition  of  curves  for  600,  700, 
and  800  me  at  tiie  20,  30  and  40-mile 
points  as  an  aid  to  interpolation. 

Prediction  Ys  Measurement 

Unfortunately,  the  theoretical 
calculation  of  field  intensities  at 
these  frequencies  fails  to  take  into 
account  various  factors  such  as  ter- 
rain irregularities,  shadowing  or 
phase  differences  in  signals  arriv- 
ing at  a given  point  by  multipath 
propagation.  Also  neglected  are 
effects  important  at  larger  distances 
such  as  fading,  day-to-day  varia- 
tions due  to  changes  in  the  refrac- 
tive index  of  the  atmosphere,  and 
tropospheric  refiections. 

Initial  uhf  field  measurement  sur- 
veys in  the  New  York®,  and  Wash- 
ington*-''  areas  have  indicated  that 


actual  uhf  field  intensities  observed 
are  likely  to  be  lower  than  those 
predicted  theoretically.  However,  it 
is  evident  that  much  more  investiga- 
tion will  be  required  before  local 
deviations  from  the  theoretical  can 
be  predicted  with  any  accuracy. 

Using  the  Chart 

The  field  intensities  developed  at 
any  distance  up  to  forty  miles  for 
one  kilowatt  of  effective  radiated 
power  may  be  read  directly  from 
the  ordinate  of  Fig.  1 for  any  fre- 
quency-transmitting antenna  height 
product  along  the  abscissa.  For  ex- 
ample, an  fh  product  of  100,000  will 
produce  approximately  54  millivolts 
per  meter  at  a distance  of  four 
miles  for  an  erp  of  one  kw  for  all 
frequencies  in  the  band,  and  at 
thirty  miles,  253,  212,  170,  141  and 
124  microvolts  per  meter  for  600, 
600,  700,  800  and  900  me  respec- 
tively. 

For  other  values  of  P,  the  ordi- 
nate scales  must  be  shifted  in  pro- 
portion to  P*  as  is  done  when  using 
the  charts  published  by  the  FCC 
for  the  vhf  bands. 

Where  Eq.  2 is  valid.  Fig.  1 may 
be  compared  directly  with  the  FCC 
curves.  Citing  the  same  example,  at 
a distance  of  four  miles,  54  milli- 
volts per  meter  will  also  be  obtained 
from  the  FCC  curves  for  82  me  at 
1,220  feet,  98  me  at  1,020  feet  and 
195  me  at  513  feet. 


1 I ! I M w ^ yi  ^ 1 I Mini 

10,000  100,000  1000,000  lOPOOPOO 

F IN  MC  X H IN  FEET 


FIG.  2 — Distance  in  miles  to  maxima  and  nulls 
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Predicting  Performance  of  UHF  and  SHF 

Systems 

Graphic  method  determines  suitability  of  a location  for  use  as  a transmitter  or  receiver 
site  for  uhf  and  shf  transmissions.  Takes  into  consideration  such  factors  as  free-space 
attenuation,  topographic  and  atmospheric  conditions,  and  absorption 


IN  SELECTING  transmitter  sites, 
the  propagation  conditions  at  a 
proposed  location  must  be  consid- 
ered. This  can  be  done  by  means  of 
mathematical  formulas  and  nomo- 
grams. For  the  uhf  and  shf  regions 
a number  of  required  nomograms 
are  contained  herein,  as  well  as  the 
procedure  to  be  followed  in  making 
a calculation. 

Four  items  must  be  considered 
in  determining  space  attenuation. 


By  E.  A.  SLUSSER 

These  are;  the  attenuation  that 
would  exist  in  free-space,  the  topo- 
graphical conditions,  the  atmos- 
pheric conditions,  and  absorption. 

In  making  actual  estimates  for 
proposed  sites,  locations  are  chosen 
on  the  basis  of  topographical  char- 
acteristics, assuming  the  effects  of 
absorption  to  be  negligible  and  al- 
lowing a safety  margin  for  atmos- 
pheric changes.  The  following  dis- 
cusses the  four  factors  that  affect 


attenuation,  with  particular  empha- 
sis on  the  free-space  and  topo- 
graphic factors,  which  are  the  most 
important. 

Free-Space  Factor 

Free-space  propagation  is  de- 
fined as  the  propagation  which  oc- 
curs in  a homogeneous  medium 
which  is  both  unbounded  and  non- 
dissipative.  In  actual  practice,  a 
criterion  which  determines  free- 


FIG.  1 — Free-space  attenuation  between 
two  identical  antennas  in  terms  oi 
effective  areas 


FIG.  2 — ^Free-space  attenuation  in  terms 
of  effective  antenna  areas  when  the 
effective  areas  ore  expressed  as  JTX* 


FIG.  3 — Attenuation  between  two  iso- 
tropic antennas  separated  by  a distance 
of  L miles 
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space  propagation  is  to  have  no  ob- 
jects project  into  the  first  Fresnel 
zone.  This  first  zone  is  bounded  by 
points  for  which  the  transmission 
path  from  the  transmitter  to  re- 
ceiver is  greater  than  the  direct 
path  by  one-half  wavelength. 

The  attenuation  that  occurs  in 
free  space  can  be  expressed  in 
terms  of  different  variables  and, 
for  a particular  case,  one  formula 
may  be  more  advantageous  than 
another. 

The  free-space  attenuation  in 
terms  of  effective  antenna  areas  be- 
tween two  identical  antennas  is: 

10 log  ^ = 10 log  X 10“ 

= 113.7 -F  20  log  L - 
20  log  M (1) 

where  / is  expressed  in  me,  L in 
miles,  and  A in  sq  meters  (A  is  the 
effective  antenna  area  KV).  The 
above  equation  is  shown  solved  by 
the  nomogram  in  Fig.  1. 

For  use  in  Eq.  1,  the  effective 
area  of  the  antennas  must  be  cal- 
culated. In  general,  the  effective 
area  of  an  antenna  is  1.64GXV47C 
where  G is  the  gain  over  a dipole 
radiator.  Some  specific  examples 
are  included  in  Table  1. 

Frequently  the  effective  area  of 


an  antenna  is  expressed  as  Kk\ 
When  this  is  the  case,  the  path  at- 
tenuation can  be  expressed  as : 


= 60 .76  + 20  log  LX - 
40  log  D (5) 

where  L is  in  miles,  D (parabola 


10  log 


Pt 

Pf 


= 10  log 


28.8L*/* 

IP 


= 14.6 + 20  log  L/- 
= 20  log 


(2) 


where  L is  in  miles  and  / in  me. 
Figure  2 is  a nomogram  for  the 
solution  of  Eq.  2. 

The  path  attenuation  between 
two  isotropic  antennas  expressed  in 
terms  of  power  ratio  is: 

-^  = 4.55  X 10*/*L* 

10  log  = 36.6  + 20  log  Lf  (3) 

* f 

where  L is  in  miles  and  / in  me. 
Figure  3 is  a nomogram  for  the 
solution  of  Eq.  3. 

In  the  case  of  actual  antennas 
having  gains  of  G»  andG,,  the  path 
attenuation  becomes: 


_Pt 

Pr 


0,Gr 


(4) 


The  gains  of  a few  typical  an- 
tennas are  included  in  Table  I for 
use  in  Eq.  4. 

For  identical  parabolas,  we  find 
that: 


P Li\ 

10  log  ^ = 20  log  345-^ 


Table  I — Approximate  Gains  of 
Various  Antennas 


Antenna 

K 

Gain  in  Db 
Rafanadte 
Isolrepie 

Gain  in  Db 
Rafanadte 
Half-Wavn 
Dipola 

isotropic 

0.08 

— 

- 2 

Half-Wave 

Dipole 

0.13 

+ 2 

— 

2-Element 

Parasitic 

0.40 

+ 7 

+ 5 

3-Element 

Parasitic 

0.88 

+10 

+ 8 

4-Element 

Parasitic 

1.30 

+12 

+10 

5-Element 

Parasitic 

1.64 

+13 

+11 

Dipole-Fed 

Parabola 

Use 
Fig.  5 

Subtract 

2 db 
from 
values 
obtained 
from  Fig.  5 

L 
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-3 
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FIG.  4 — Attenootton  between  two  poia* 
boUc  otiennai  In  tenns  oi  reflector  di- 
ameter in  feet 


FIG.  5 — ^Apparent  power  genn  of  a para-  FIG.  6 — ^Field  intensity  in  milliTolts  per 

bolic  attennos  in  terms  of  reflector  diom-  meter  for  a half-ware  dipole  at  a dis- 

eter  in  feel  tonce  of  L miles 
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diameter)  is  in  feet,  and  X in  cm. 
This  formula  is  solved  in  the  nomo- 
gram given  in  Fig.  4.  The  appar- 
ent power  gain  of  a parabola  is 
given  by  the  nomogram  in  Fig.  5. 

The  maximum  field  intensity 
from  a half-wave  dipole  in  free 
space  is  given  by  the  expression: 

„ 60x17 

XL 

where  E,  = field  intensity  at  a 
distance  L in  volts  per  meter,  I = 
effective  length  of  the  antenna  in 
meters,  I = antenna  current  in 
amps,  and  X = wavelength  in  me- 
ters. Any  other  consistent  system 
of  units  may  be  used  also. 

For  a half-wave  dipole,  the  effec- 
tive length  is  X/tt,  and  the  radiation 
resistance  is  73  ohms  so,  when  L 
is  in  miles,  Eo  in  millivolts  per  me- 
ter, and  Pt  in  watts,  the  field  in- 
tensity is: 

(6) 

This  expression  is  solved  in  the 
nomogram  given  in  Fig.  6. 

For  a properly  terminated  one- 
half  wave  dipole  of  length  d,  the 
voltage  in  microvolts  appearing 
across  its  terminals  for  a given  field 
intensity  is: 


Figure  7 is  a nomogram  for  the 
solution  of  Eq..7.  Thus,  when  L 
is  in  miles  and  X in  cm,  the  free- 
space  attenuation  between  two  di- 
poles is : 

10  log  = 20  log 

= 121 .8  -f-  20  log  L - 

20  log  X (8) 

This  is  solved  by  the  nomogram 
given  in  Fig.  8. 


Topographical  Considerations 

The  free-space  formula  does  not 
hold  over  the  surface  of  the  earth 
due  to  the  fact  that  the  earth  acts 
as  a reflector  and  the  received  en- 
ergy is  the  vector  sum  of  the  direct 
and  reflected  energy.  The  direct 
energy  travels  the  distance  L and 
the  reflected  energy  the  distance  S. 


FIG.  7 — ^Fleld  intensity  in  terms  oi  micro- 
Yolts  on  hoU-wore  antenna 


FIG.  8 — Free-space  attenuation  between 
two  dipoles 


The  difference  between  the  horizon- 
tal and  vertical  polarization  char- 
acteristic depends  upon  the  nature 
of  the  reflection,  the  earth,  and  the 
angle  of  incidence  3.  Thus  the 
phase  and  magnitude  of  the  direct 
and  reflected  energy  depends  upon 
the  separation  distance  L,  the  an- 
tenna heights  ht  and  hr,  and  the  re- 
flection coefficient  of  the  earth. 

It  can  be  shown  that  the  field  in- 


FIG.  9 — ^Attenuation  between  two  di- 
poles assuming  ground  reflections 


FIG.  10 — ^Radio  line-oi-sight  nomograph. 
Insert  illustrotes  conditions 


tensity  at  the  receiving  position  in 
the  above  illustration  is: 

Li  = 0 .0105  - (9) 

where  h,  and  hr  are  the  antenna 
heights  in  feet,  L is  in  miles,  f in 
me,  and  E,  is  in  /tvolts  per  meter. 

From  the  above,  we  can  develop  a 
formula  for  direct  transmission  be- 
tween two  dipoles  in  terms  of  dis- 
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tance  and  antenna  heights: 


10  log  ^ - 20  log 

X f 


1.7IX  10*  L* 


ht  hr 

= 144.6  + 40  log  L - 

20  log  h,  hr  (10) 


where  ht  and  hr  are  in  feet  and 
L in  miles.  Figure  9 is  a nomo- 
gram for  solution  of  Eq.  10. 

In  order  that  Eq.  9 and  10  be 
valid,  3 must  be  small  for  horizon- 
tal polarization  at  uhf  (less  than  10 
degrees) ; for  vertical  polarization 
over  earth  or  fresh  water  3 must 
be  less  than  1 degree;  and  over  sea 
water  less  than  0.15  degree.  The 
antennas  must  be  elevated  at  least 
li  X above  the  earth  plane,  and 
ht  and  hr  must  be  the  effective 
heights  of  the  antennas.  Effective 
antenna  height  is  explained  in  the 
discussion  of  radio  horizons.  Fur- 
thermore, the  phase  angle  arising 
from  the  path  difference  between 
the  direct  and  reflected  waves  must 
be  less  than  about  30  degrees.  This 
latter  condition  is  satisfled  if  h,hr/ 
LX<7  where  ht  and  K are  in  feet,  L 
in  miles,  and  X in  cm. 

Optical  and  Radio  Horizons 

Two  factors  account  for  recep- 
tion beyond  the  optical  horizon ; 
namely,  refraction  and  diffraction. 
At  uhf  and  shf,  the  effect  of  refrac- 
tion predominates  within  the  hori- 
zon. 

For  ranges  just  within  and  be- 
yond the  horizon,  the  effect  of  dif- 
fraction becomes  of  increasing  im- 
portance. (Hence,  for  ranges  near 
the  horizon,  somewhat  inconsistent 
results  may  be  obtained  between 
Eq.  10  and  14  since  the  first  con- 
siders only  reflection  or  refraction 
while  the  latter  equation  considers 
mainly  diffraction  and  average  re- 
fraction.) 

Refraction  results  in  bending  of 
the  energy  and  is  caused  by  the 
earth’s  atmosphere.  This  bending 
is  equivalent  to  increasing  the 
earth’s  diameter  by  about  33  J per- 
cent of  average  conditions.  Over 
smooth  earth  a transmitter  an- 
tenna at  height  ht  and  a receiver 
antenna  at  height  hr  are  therefore, 
in  radio  line  of  sight  provided  the 
spacing  in  miles  is  less  than 
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FIG.  11 — 'Nomogrcon  for  determining 
Fresnel  zone  radius 


FIG.  12 — ^Maximum  radius  oi  Fresnel 
zone 


Both  optical  and  radio  line-of- 
sight  distances  can  be  determined 
for  given  antenna  heights  from  the 
nomogram  given  in  Fig.  10. 

Let  us  consider  the  effect  of  re- 
fraction on  the  radio  horizon  as 
used  in  Eq.  10,  thus  taking  into  ac- 
count both  the  curvature  of  the 
earth  and  the  average  refraction. 

The  conditions  that  exist  are 
shown  in  Fig.  10.  The  intersection 


of  a tangent  plane  through  a point 
P and  the  antenna  supports  deter- 
mines the  effective  heights  (ht  and 
hr)  of  the  antennas.  The  values  of  a 
and  b can  be  determined  by  means 
of  the  line-of-sight  nomogram  (Fig. 
10).  A line  is  drawn  on  the  nomo- 
gram between  the  total  tower 
heights  on  the  antenna  height 
scales.  Parallel  to  this  line  another 
line  is  drawn  so  as  to  intersect  the 
radio  line-of-sight  scale,  at  a value 
equal  to  the  actual  distance  L.  The 
values  of  a and  b are  read  at  the 
points  where  this  line  intersects  the 
antenna  height  scales.  The  value 
of  ht  and  hr  are  then  found  by  sub- 
tracting a or  b from  the  respective 
total  tower  heights. 

It  is  these  effective  antenna 
heights  that  should  be  used  in  Eq. 
9 and  10. 

Fresnel  Zone  Clearance 

To  have  free-space  propagation, 
the  first  Fresnel  zone  must  clear 
all  obstacles  in  the  transmission 
path. 

The  first  Fresnel  zone  is  bound 
by  points  for  which  the  transmis- 
sion from  the  transmitter  to  the 
receiver  is  greater  than  the  direct 
path  by  one-half  wave  length.  These 
points  generate  an  ellipsoid.  The 
radius  R of  the  first  zone  at  any 
point  in  the  transmission  path  lo- 
cated at  distance  Si  from  the  trans- 
mitter and  from  the  receiver  is 
given  by  the  formula  = S1S2A 
where  all  quantities  are  expressed 
in  the  same  units.  When  R is  in  ft ; 
X in  cm ; Si,  S2,  and  L in  miles : 

B = 13.2  y (11) 

A nomogram  for  solution  of  this 
expression  is  given  in  Fig.  11.  Ra- 
dius i?  is  a maximum  when  Si  = Ss, 
and  this  is  given  by  the  formula 
R„  = 1,140VL77.  (12) 

In  actual  use  R„  is  usually  com- 
puted and  a line  is  drawn  a dis- 
tance Rn  below  the  direct  line-of- 
sight  path  between  antennas  on 
a profile  to  determine  if  this  line 
clears  all  obstacles.  This  method  is 
easier  than  construction  of  an  el- 
lipse. If  there  is  an  obstacle  pro- 
truding over  the  R„  line,  it  can  be 
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investigated  on  the  basis  of  the 
first  Fresnel  ellipsoid  using  the 
nomogram  in  Fig.  11. 

Shadow  Losses 

Equation  9 indicates  that  the 
field  intensity  varies  directly  as  the 
frequency  so  that  for  a given  dis- 
tance and  antenna  height,  as  the 
frequency  is  increased,  less  radi- 
ated power  is  required  for  a given 
field  intensity.  Beyond  the  horizon 
this  is  not  the  case,  as  it  has  been 
found  that  the  frequency  varies 
inversely  as  some  exponential  power 
of  the  distance,  the  latter  increasing 
rapidly  with  frequency.  In  fact, 
the  exponent  increases  so  rapidly 
with  frequency  that  transmission 
into  shadow  areas  in  the  uhf  and 
shf  regions  is  impractical.  It  has 
been  found  empirically  that  the 
following  expression  can  be  used 
for  calculating  field  intensity  near 
or  beyond  the  horizon: 

„ 0.0105  hr  fLg^-^ 

where:  E„  = field  intensity  in  mi- 


Table  II — ^Approximate  Noise 
Figures  for  Receivers 


Frequency 

Good 
Receiver 
10  los  F 

Averese 

Receiver 

lOlesF 

<200  me 

5db 

10  db 

200-  1 ,000  me 

8db 

13  db 

1 ,000-  5,000  me 

14  db 

19  db 

5,000-1 0,000  me 

17  db 

22  db 

crovolts  per  meter,  Pt  = power 
transmitted  in  watts,  ht  and  K = 
actual  antenna  heights  in  feet, 
La  = distance  to  the  optical  horizon 
in  miles,  L = total  distance  in 
miles,  and  / = frequency  in  me. 

The  factor  N is  taken  from  Fig. 
13.  This  curve  takes  into  consider- 
ation both  diffraction  and  average 
refraction.  Within  the  horizon  the 
exponent  N is  equal  to  two  regard- 
less of  the  frequency  so  that 
equals  unity.  Distance  La  can  be  ob- 


tained from  the  nomogram  of  Fig. 
10.  From  Eq.  13  the  attenuation  in 
this  case  is  found  to  be: 

10  log  = 144.6  + M 20  log  L 

A r 

- 20  (M  - 2)  log  Lh 

- 20  log  ht/hr  (14) 

Atmospheric  Considerations 

The  normal  refraction  produced 
by  the  atmosphere  has  been  pre- 
viously discussed.  We  know  that 
the  energy  under  normal  conditions 
is  not  refracted  sufficiently  to  fol- 
low the  curvature  of  the  earth,  but 
rather  follows  a path  whose  curva- 
ture is  equivalent  to  an  earth  of 
diameter  J larger  than  the  actual 
earth. 

The  normal  refraction  is  the  re- 
fraction with  which  we  are  most 
concerned.  However,  there  are  some 
cases  when  the  normal  refractive 
index  is  exceeded  and  the  index 
gradient  reaches  the  requisite 
strength  (5  parts  in  10®  feet)  such 
that  the  energy  may  follow  the 
earth's  curvature.  This  is  termed 
superrefraction. 

The  most  prevalent  cause  of  su- 
perrefraction is  the  presence  of 
water  vapor  in  the  air.  Over  the 
surface  of  the  ocean  the  air  in 
near  contact  with  the  water  is 
nearly  saturated  with  water  vapor. 
Frequently,  this  brings  about  a con- 
dition where  the  refractive  index 
gradient  becomes  negative  and  ex- 
ceeds the  critical  value.  This  forms 
a duct  which  has  its  top  at  the 
level  where  the  gradient  reaches 
the  critical  value.  At  this  level  the 
energy  will  just  follow  the  curva- 
ture of  the  earth.  It  should  be  noted 
that  ducts  have  no  observable  ef- 
fect on  the  propagation  of  low  fre- 
quencies and  generally  speaking, 
their  effects  are  confined  to  frequen- 
cies in  the  1,000-mc  range  and 
above. 

Superrefraction  may  occur  over 
land.  In  this  case  it  occurs  during 
a radiation  fog.  The  latter  is 
caused  by  the  cooling  of  land  at 
night  by  radiation,  causing  a thin 
layer  of  cold  air  to  be  formed  just 
above  the  surface  of  the  ground,  re- 


FIG.  13 — Factor  N is  used  in  predicting 
field  intensities  near  or  beyond  horizon 


suiting  in  an  abnormally  large  in- 
dex of  refraction  in  the  lower  layers 
of  air. 

The  effect  of  duct  formations  be- 
tween two  microwave  stations 
whose  antennas  are  directed  on  the 
basis  of  the  normal  radio  line-of- 
sight  path  might  be  to  decrease 
slightly  the  signal  intensity  at  one 
of  the  stations,  but  the  observed- 
effect  is  usually  negligible. 

Absorption 

For  all  practical  purposes,  the 
absorption  of  energy  by  the  atmos- 
phere in  the  uhf  region  can  be  con- 
sidered negligible.  It  does  increase, 
however,  in  the  shf  region.  The 
chief  cause  of  absorption  is  the 
presence  of  water  in  some  form. 
Curves  are  included  in  Fig.  14  to 
show  the  effect  of  rain  and  fog  or 
clouds.  It  can  be  seen  from  these 
that  the  absorption  increases  quite 
rapidly  with  frequency,  but  that 
even  a heavy  rain  gives  little  effect 
on  any  of  the  presently  used  com- 
munication frequencies. 

Variations  in  the  atmosphere  re- 
sult in  changes  in  the  atmospheric 
and  absorption  factors  and  are  the 
chief  cause  of  fading.  Information 
on  the  amount  of  f ading  experienced 
under  various  conditions  is  far  from 
complete.  However,  measurements 
made  over  an  extended  period  of 
time  at  several  locations  indicate 
that  for  distances  under  45  miles 
and  with  temperate  weather  con- 
ditions, fades  of  20  db  or  greater 
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occur  only  about  0.1  percent  of  the 
time  on  the  vhf  and  shf  frequencies. 
For  longet  distances,  fades  of  20  db 
or  greater  occur  a larger  percentage 
of  the  time.  As  a practical  system 
design  figure,  a margin  of  20  to  25 
db  should  be  allowed  to  provide  for 
fading. 

Overall  System  Calculations 

The  foregoing  sections  have  de- 
veloped various  nomograms  for  pre- 
dicting uhf  and  shf  propagation. 
It  remains  to  tie  this  data  to- 
gether in  a form  such  that  it  may 
be  used  to  predict  whether  or  not 
a proposed  path  can  be  satisfac- 
torily covered  by  a given  uhf  or  shf 
system. 

In  general,  the  difference  between 
the  overall  system  gain  G,  and  the 
path  attenuation  ap  gives  a safety 
margin  that  is  used  to  improve  the 
signal-to-noise  ratio  S/N  of  the 
output  signal  and  to  provide  a 
safety  factor  Sf  to  protect  against 
fading.  Thus : 

S/N  -f-  5/  = (?.  - ap  (15) 

where  all  of  the  quantities  are  ex- 
pressed in  db.  (The  following  ne- 
glects any  noise  improvement  fac- 
tor nif  that  is  obtained  by  use  of 
some  modulation  systems  and  hence, 
is  somewhat  pessimistic.)  The  over- 
all system  gain  G, 

G,  = G,  + Ot  + Gr  (16) 

where  G,  is  the  equipment  gain,  G# 
the  gain  of  the  transmitting  an- 
tenna, and  Gr  the  gain  of  the  re- 
ceiving antenna. 

Any  properly  designed  receiver 
for  these  frequencies  should  have 
sufficient  gain  to  operate  on  signals 
comparable  in  amplitude  to  the  re- 
ceiver noise  output  referred  to  the 
receiver  input,  and  it  can  be  shown 
that 

(?,  = 10  log  p,  - 10  log  is:  r A/  - 10  log/ 

Hence,  the  margin  to  provide  for  a 
desired  output  signal-to-noise  ratio 
plus  a safety  factor  to  protect 
against  fading  is: 

S/N  + S/  = lO  log  P,  - 10  log/ 

- 10  log  K TAf 

- (a,  -Gt-  G,)  (18) 


where  the  various  terms  in  this 
equation  are  all  expressed  in  db. 

From  Eq.  18  the  following  method 
is  obtained  for  determining  whether 
or  not  a point-to-point  path  will  be 
reliably  spanned  using  a particular 
equipment: 

(1)  From  the  available  trans- 
mitter output  power  P,  calculate  10 
log  Pu 

(2)  Estimate  the  term  10  log  F 
for  the  receiver  noise  figure  using 
the  approximate  values  given  in 
Table  II. 

(3)  Calculate  KTAf.  (Since  K 
= 1.38  X 10  “ joules  per  deg  K and 
a normal  value  for  T is  290  K,  this 
becomes  approximately  4 x 10  “ A/ 
where  A/  is  the  receiver  bandwidth 
in  cps). 

(4)  Determine  whether  or  not 
free-space  propagation  conditions 


exist.  This  can  be  done  by  plotting 
a profile  of  the  proposed  path  and 
checking  for  adequate  first  Fresnel 
zone  clearance  of  the  nearest  ob- 
stacle by  means  of  the  nomograms 
of  Figs.  12  or  13. 

(5)  Calculate  the  term  (op  — 
Gt  — Gr)  by  one  of  the  following 
methods : 

Free-space  propagation.  If  free- 
space  propagation  conditions  exist, 
this  can  be  calculated  equally  well 
in  three  different  manners.  These 
are: 

(a)  Use  Fig.  1 to  determine  the  at- 
tenuation. The  effective  antenna 
area  required  by  this  nomogram 
may  be  taken  from  the  figures  given 
in  Table  I. 

(b)  Use  Fig.  3 to  determine  the  at- 
tenuation between  two  isotropic  an- 
tennas. Then  subtract  from  this 


FIG.  14 — Curres  illustrate  effect  of  rain  and  fog  on  shf  absorption 
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the  gains  of  the  antenna  arrays 
actually  used  and,  hence,  determine 
(oLp  — Gt  ~Gr).  The  gains  for  var- 
ious arrays  referred  to  an  isotropic 
antenna  may  be  obtained  from 
Table  I. 

(c)Use  Fig.  8 to  determine  the  at- 
tenuation between  two  dipoles. 
Then  subtract  from  this  the  gains 
of  the  antenna  arrays  actually  used 
and,  hence,  determine  (a,  — G< 
— Gr).  The  gains  for  various  an- 
tennas referred  to  a dipole  antenna 
may  be  obtained  from  Table  I. 

Line-of-sight  conditions.  If  free- 
space  propagation  conditions  do  not 
exist,  but  radio  line-of-sight  con- 
ditions still  prevail.  Fig.  9 should 
be  used  to  find  the  attenuation  be- 
tween two  dipoles.  Then  the  gains 
of  the  antenna  arrays  actually  used 
should  be  subtracted  to  determine 
(flp  — Gt  — Gr).  The  gains  of  var- 
ious arrays  referred  to  a dipole  can 
again  be  obtained  from  Table  I. 


Shadow  conditions.  If  radio-line- 
of-sight  conditions  do  not  exist, 
Eq.  14  can  be  used  to  obtain  the  at- 
tenuation between  two  dipoles.  Then 
the  gains  of  the  antenna  arrays  ac- 
tually used  should  be  subtracted  to 
determine  the  value  of  (a,  — Gt 
~ Gr).  The  gain  of  various  arrays 
referred  to  a dipole  are  given  in 
Table  I. 

Attempts  to  check  values  obtained 
by  either  Fig.  9 or  Eq.  10,  with  val- 
ues obtained  from  Eq.  14  for  ranges 
close  to  the  distance  to  the  horizon, 
will  lead  to  inconsistent  results  since 
the  nomogram  of  Fig.  9 (or  Eq.  10) 
considers  only  refraction  and 
ground  reflection  while  Eq.  14 
mainly  considers  diffraction.  Within 
the  horizon  Fig.  9 is  to  be  used  and 
beyond  it  Eq.  14,  but  in  the  cross- 
over region  encompassing  ranges 
near  the  horizon  both  effects  exist 
and,  hence,  it  must  be  left  up  to 
individual  judgment  as  to  which 


method  applies. 

(6)  From  the  foregoing  and  Eq. 
18  find  S/N  + Sf.  Ph*om  this  sub- 
tract a value  of  St  equal  to  20  or 
25  db,  since  this  is  a reasonable  sys- 
tem design  figure  to  use  to  provide 
for  fading.  The  value  of  S/N  then 
found  gives  the  worst  signal-to- 
noise  ratio  that  should  normally  be 
obtained  over  a path  served  by  this 
radio  equipment;  that  is,  it  is  the 
value  that  will  exist  under  condi- 
tions of  maximum  fade.  Experi- 
ence will  have  to  determine  what 
is  permissible  here.  Offhand,  a 
value  of  35  db  should  be  quite  satis- 
factory. 

(7)  If  f-m  is  used,  the  above  S/N 
will  be  improved  by  an  amount 
equal  to  10  log  3m®  where  m is  the 
deviation  ratio. 

The  author  wishes  to  acknowl- 
edge the  assistance  of  Edward  Das- 
kam  in  the  preparation  of  the  origi- 
nal manuscript. 


Microwave  Diffraction  Charts 

The  radius  of  the  first  Fresnel  zone  at  various  distances  from  the  nearest  terminal  end 
of  a microwave  relay  course  can  he  determined  from  one  nomogram.  The  adjusted 
distance  required  in  Fresnel  zone  calculations  is  shown  in  the  second  alignment  chart 


Microwave  signals  over 
line-of-sight  courses  are 
frequently  observed  to  depart 
considerably  from  the  free-space 
predictions. 

Variations  from  free-space  cal- 
culations are  due  to  combinations 
of  refraction  and  diffraction  ef- 
fects, as  well  as  occasional  ab- 
sorption conditions  due  to  rain, 
snow  or  fog.  Of  these  factors, 
all  but  diffraction  vary  with 
weather  conditions  and  combine 
to  form  the  diurnal  and  seasonal 
variations  noted  in  point-to- 
point  relay  services. 

Although  considerable  infor- 
mation is  available  in  the  liter- 
ature to  enable  the  engineer  to 
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predict  with  fair  accuracy  the 
signal  strength  under  given  con- 
ditions of  temperature  and  per- 
centage of  water  vapor  in  the 
atmosphere,  the  usual  practice  is 
to  allow  certain  empirical  mar- 
gins of  safety  or  fading  factors 
based  on  long-term  observations 
of  relay  signals  at  various  fre- 
quencies. Diffraction  effects,  un- 
like those*  associated  with  refrac- 
tion, do  not  change  with  time  and 
weather  conditions  but  are  de- 
termined by  the  choice  of  oper- 
ating sites  and  the  intervening 
terrain.  As  the  course  line  clear- 
ance is  readily  determined,  and 
frequently  is  a factor  under  the 
engineer’s  control,  diffraction 


factors  are  of  practical  interest 
in  most  microwave  relay  instal- 
lations. 

Fresnel  Zone 

From  diffraction  theory,®  when 
a wave  strikes  an  intervening 
object  a spherical  wavefront  ra- 
diates from  the  edge  of  the  ob- 
struction. The  field  intensity  at 
any  point  beyond  the  obstruction 
is  thus  dependent  upon  the  vec- 
tor sum  of  the  direct  and  scat- 
tered wavefronts  reaching  the 
receiver.  A Fresnel  zone  may  be 
defined  as  a circular  zone  about 
the  direct  path  at  such  a radius 
that  the  distance  from  a point 
on  this  circle  to  the  receiving 
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ADJUSTED  DISTANCE  CLEARANCE  FREQUENCY 
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point  has  a path  length  that  is 
some  multiple  of  a half  wave- 
length longer  than  the  direct 
path.  Hence,  according  to  Fres- 
nel’s zone  theory,  all  the  even- 
numbered  zones  will  send  wave- 
fronts  to  the  receiver  in  opposite 
phase  to  all  those  from  odd- 
numbered  zones. 

The  effective  field  intensity  at 
the  receiver  will  rise  and  fall 
above  and  below  the  free-space 
value  as  the  scattered  waves  al- 
ternately reinforce  and  cancel 
the  direct  wave.  The  energy 
reaching  the  receiver  from  a 
given  zone  is  proportional  to  the 


area  of  that  zone  and  inversely 
proportional  to  the  distance  from 
the  receiver.  As  the  width  of  the 
rings  making  up  the  zones  de- 
creases rapidly  as  the  radius  of 
the  circles  increases,  the  first 
few  zones  are  the  only  ones  of 
any  practical  importance  in  dif- 
fraction studies  of  radio  waves. 

It  has  been  stated  * that  a good 
optical  path  for  microwave  trans- 
mission is  one  with  full  first- 
Fresnel-zone  clearance.  With 
such  an  optimum  path  the  sig- 
nal strength  at  the  receiver  (ex- 
cluding meteorological  effects)  is 
somewhat  better  than  free  space 


values  due  to  the  fact  that  the 
phase  shift  along  a line  from  the 
transmitting  antenna  to  the  top 
of  the  obstruction  and  from 
there  to  the  second  antenna  is 
about  one-half  wavelength  great- 
er than  the  phase  shift  of  the 
direct  path  and  some  signal  re- 
inforcement is  obtained. 

Figure  1 indicates  directly  the 
radius  of  the  first  Fresnel  zone 
as  a function  of  distance  and 
operating  frequency.  The  con- 
struction shown  assumes  a plane 
wave  (that  the  spherical  wave 
has  expanded  to  the  point  where 
the  front  is  flat  over  the  diam- 
eter of  the  diffraction  zones). 

The  results  given  by  this  chart 
hold  true  only  if  the  obstruction 
is  very  close  to  one  end  of  the 
course.  For  accurate  results  at 
any  point  along  the  path,  the  set- 
ting on  the  distance  scale  should 
be  adjusted  in  terms  of  the  re- 
sults given  by  Fig.  2.  This  en- 
ables the  retardation  on  both 
parts  of  the  circuit  to  be  taken 
into  account.  Figure  2 is  a sim- 
ple reciprocal  nomogram  and,  as 
the  scales  are  linear,  they  may  be 
multiplied  by  different  decimal 
factors  as  required. 

For  example,  to  find  the  clear- 
ance required  for  a good  micro- 
wave  path,  assume  an  operating 
frequency  of  7,000  me,  a total 
course  length  of  11.6  miles  and  a 
principal  obstruction  3 miles 
from  the  transmitter. 

A line  connecting  3 and  8.5 
on  the  outside  scales  of  Fig.  2 
gives  an  adjusted  distance  of 
2.2  miles.  Connecting  this  point 
with  7,000  me  on  Fig.  1 shows  a 
required  clearance  of  40  feet  at 
the  point  in  question. 

In  addition  to  determining 
easily  the  requirements  for  a 
good  optical  path,  these  align- 
ment charts  permit  making  quan- 
titative studies  of  signal  in- 
tensity conditions  under  various 
diffraction  conditions  including 
grazing  or  even  badly  obstructed 
courses  where  the  receiver  may 
be  in  a shadow  area. 

The  principal  course  obstruc- 
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tion  should  be  plotted  showing 
the  projected  area  normal  to  the 
direct  course  between  stations. 
The  Fresnel  zones  should  be 
drawn  in  as  circles  about  the  dot 
representing  the  course  path,  the 
radii  being  obtained  from  the 
charts.  (While  the  nomograms 
show  only  the  first  zone  radius, 
values  for  higher-order  zones 
may  be  obtained  by  multiplying 
the  indicated  value  by  the  square 
root  of  the  number  of  the  zone 
being  considered.) 

Having  drawn  the  zone  areas, 
with  respect  to  the  masking  ob- 
struction, the  net  field  intensity 
may  be  obtained  by  integrating 
the  area  of  the  exposed  zones. 
This  can  be  accomplished  graph- 
ically by  means  of  the  Cornu 
spiral.*  In  this  manner,  the  de- 
parture from  free-space  values 
may  be  accurately  estimated  for 
any  course. 
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Technique  for  TV  Field  Surveys 


Data  taken  in  the  New  York  area  indicate  that  field  strengths  measured  on  radials  at 
10-feet  antenna  height  are  not  truly  representative  of  actual  service  rendered.  Traverse 
measurements  are  suggested  and  measured  height  factors  reported 


WHEN  a field-strength  survey 
of  a television  station  is 
made,  two  purposes  are  usually  in 
mind.  The  first  is  to  satisfy  the 
FCC  that  the  station  performs  in 
accordance  with  the  specifications 
of  the  construction  permit,  the 
second  to  assure  the  management 
of  the  station  that  a satisfactory 
signal  is  available  to  the  majority 
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of  the  population  lying  within  the 
service  area. 

These  two  purposes  are  not 
necessarily  served  by  the  same  set 
of  measurements.  In  fact,  the  pur- 
pose of  this  article  is  to  point  out 
that  measurements  made  along 
radials  in  accordance  with  FCC 
standard  proof -of-performance  pro- 
cedure may  give  too  optimistic  a 


picture  of  coverage. 

Standard  survey  procedure  has 
recently  been  described  in  detail\ 
Briefly,  the  procedure  is  as  follows : 
At  least  eight  radials  are  drawn 
from  the  station,  either  at  45-de- 
gree intervals,  or  following  roads  at 
approximately  45-degree  intervals. 
Profile  graphs  are  drawn  along 
these  radials  and  the  average  ele- 
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vation  over  the  8-inile  distance  from 
2 to  10  miles  is  calculated.  The 
height  of  the  transmitting  antenna 
above  this  elevation  is  taken  as  a 
reference  and  the  expected  field 
strength,  for  the  given  value  of 
radiated  power,  is  computed  by  ref- 
erence to  FCC  coverage  charts. 


Contours  are  drawn  through  the 
500-microvolt  points  on  the  radials. 
It  is  presumed  that  the  500-micro- 
volt signal  is  available  throughout 
the  area  enclosed  by  this  contour. 

After  the  station  is  in  operation, 
measurements  of  actual  field 
strength  must  be  made,  and  the 
values  shown  to  agree  within 
reasonable  limits,  with  the.  pre- 
dicted values.  The  FOC  recom- 
mends that  mobile  measuring 
equipment  be  used,  with  an  omni- 
directional receiving  antenna  about 
10  feet  above  the  ground.  The  field 
values  so  measured  must  be  cor- 


rected to  represent  the  actual  field 
strength  30  feet  above  the  ground, 
the  latter  value  being  the  nominal 
height  of  antennas  installed  in 
homes.  Simple  theory,  acceptable 
to  the  Commission  for  this  pur- 
pose, states  that  the  field  strength 
should  increase  linearly  with 


height.  Thus,  if  field-strength 
measurements  are  made  at  10  feet 
the  stated  values  for  30  feet  would 
be  three  times  as  great. 

When  the  terrain  between  the 
station  and  the  point  of  reception 
is  fiat  and  free  from  obstructions 
the  measured  and  predicted  values 
are  usually  found  to  be  in  reason- 
able agreement.  But  when  rough 
terrain  or  massive  obstructions  are 
encountered,  two  discrepancies  ap- 
pear. First,  the  field  increases  at  a 
rate  less  than  proportional  to  the 
antenna  height.  Second,  the  values 
of  field  strength  measured  along 


the  radials  are  generally  higher 
than  those  measured  at  locations 
between  the  radials.  The  latter  ef- 
fect probably  is  accounted  for  by 
the  fact  that  roads  along  radials 
generally  follow  the  gaps  and  val- 
leys in  the  terrain,  hence  the  ob- 
structions between  the  station  and 
the  points  of  measurement  on  rad- 
ials are  generally  smaller  than 
those  at  other  points. 

Figure  1 is  a map  of  a portion 
of  the  New  York  metropolitan  area. 
Five  television  stations  in  Manhat- 
tan lie  within  the  center  circle. 
Station  WATV,  on  channel  13,  is 
located  just  off  the  map,  16  miles 
west  of  the  center  point.  Four 
radials  are  shown  and  are  referred 
to  as  the  Jamaica  radial,  the  Hunt- 
ington radial,  the  Mamaroneck 
radial  and  the  Alpine  radial. 

At  the  FCC  hearing  held  in 
Washington  Dec.  1,  1948,  the 

writer  submitted  an  analysis  of  66 
measurements  made  on  the  two 
Long  Island  radials.  These  meas- 
urements were  made  on  channels  7 
and  11  by  the  cluster  method*.  At 
each  point,  the  signals  at  10  ft  and 
30  ft  were  observed.  The  ratio  of 
the  signal  strengths  at  these 
heights  are  plotted  in  Fig.  2.  The 
ratios  cover  a wide  range.  At  one 
point,  the  signal  at  30  ft  was  0.7 
of  that  at  10  ft  while  at  the  other 
extreme,  the  30-ft  signal  exceeded 
the  10-ft  value  by  12  to  1.  When 
analyzed  on  probability  paper,  the 
distribution  seems  to  be  random, 
with  a median  value  of  2.2. 

Very  Flat  Country 

In  an  attempt  to  arrive  at  a 
more  comprehensive  understanding 
of  the  height  factor  several  other 
areas  were  investigated  by  a simi- 
lar method,  namely  readings  of 
signals  recorded  on  tape  in  a mov- 
ing vehicle.  In  a given  area,  a re- 
cording was  made  while  the  vehicle 
moved  slowly  around  a closed  course 
with  the  antenna  at  10  ft.  This 
procedure  was  then  immediately 
repeated  with  the  antenna  at  30  ft. 

A section  of  the  Meadowbrook 
Causeway,  about  2,500  feet  long, 
was  selected.  Referring  to  Fig.  1, 


FIG.  1 — Four  radials  and  two  traverses  employed  in  making  the  measurements 

for  the  survey 
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this  location  is  near  the  end  of  the 
Jamaica  radial  in  the  center  of  a 
coastal  marsh  with  no  hills,  houses 
or  overhead  wires,  located  22i  miles 
from  a transmitter  operating  on 
channel  11.  The  car  was  operated 
at  approximately  2 miles  per  hour, 
or  3 feet  per  second.  The  time  con- 
stant of  the  recording  system  was 
3.5  seconds. 

Checks  were  made  at  the  be- 
ginning and  end  of  each  run  to  de- 
termine if  the  station  output  had 
changed  appreciably.  Most  meas- 
urements were  made  on  the  sound 
signal  of  the  station  in  question. 


FIG.  2 — Height  factors  on  channels  7 and 
n.  along  Jamaica  and  Huntington  radiols 


since  the  picture  signal  is  appar- 
ently subject  to  variation  when 
cameras  are  switched.  Otherwise, 
the  behavior  of  the  sound  and  pic- 
ture signals  is  very  similar. 

The  recording  tape  was  divided 
into  20  sections  and  the  average 
value  of  each  section  plotted,  as 
shown  in  Fig.  3.  Twenty-one  sig- 
nal ratios  were  calculated.  It  was 
found  that  50  percent  of'  these 
ratios  exceeded  2.94  (the  median 
value).  This  is  in  very  close  agree- 
ment with  the  theoretical  value  of 
3.0.  With  the  car  stationary,  at  the 
center  of  the  run,  measurements 
were  made  of  the  signal  at  15,  20, 
25  and  30  ft,  on  channels  4 and  11. 
(The  results  are  plotted  in  Fig. 
6A.)  It  is  interesting  to  note  how 
precisely  linear  is  the  height  factor 
for  this  flat  type  of  terrain.  An- 
other height  vs  signal  measure- 
ment was  made  in  very  similar  ter- 
rain at  Heckscher  Park,  30  ‘miles 
further  east.  The  distance  of  over 
50  miles  puts  the  Manhattan  sta- 
tions well  below  the  horizon.  These 
measurements  (Fig.  6B)  would  in- 


dicate that  the  height  factor  is  de- 
termined principally  by  the  terrain 
in  the  vicinity  of  the  receiver. 

The  same  procedure  was  followed 
at  Thomaston,  14  miles  out  on  the 
Huntington  radial.  As  may  be  seen 
from  the  contour.  Fig.  4,  this  re- 
gion is  at  the  bottom  of  a fairly 
deep  valley.  It  is,  however,  not  an 
“impossible”  region,  since  many 
television  installations  could  be  seen 
on  nearby  buildings. 

A run  of  500  ft  was  obtainable 
free  of  overhead  wires.  To  obtain 
a better  average,  a complete  closed 


circuit  was  made  twice,  giving  a 
total  travel  of  2,000  ft.  The  tape 
was  divided  into  20‘sections  and  the 
values  plotted.  The  signals  in  this 
case  at  30  ft  were  hardly  different 
from  those  at  10  ft,  the  median 
value  of  the  ratio  being  1.05. 

Observation  of  the  signals  on  the 
video  channel  was  made  on  a re- 
ceiver and  no  special  multipath 
conditions  were  noted.  The  signal 
quality  was  good  except  for  noise 
and  ignition  interference.  The  di- 
rection of  arrival  was  noted  to  be 
very  closely  the  azimuth  of  the 


FIG.  3 — Average  signal  levels  at  10  and  30  ieet  at  Meadowbrook  Causeway  (A) 
and  profile  (B)  of  the  Jamaica  roAol.  The  median  ratio  between  signal  levels  at 
30  and  10  feet  is  2.94.  close  to  the  theoretical  volue 


FIG.  4 — Average  signal  levels  (A)  and  profile  (B)  of  the  Huntington  rodial.  The 
median  value  of  the  30/10  rotio  is  only  1.05  in  this  case,  reflecting  the  fact  that 
the  observation  point  (Thomaston)  is  well  shadowed 


PROPAGATION 


423 


transmitter.  The  signal  path  ap- 
parently was  one  of  refraction  over 
the  top  of  the  hill. 

Measurements  were  also  made  in 
a cluster  with  the  car  stationary 


FIG.  5 — ^At  Baldwin,  on  the  Jamaica 
radial,  the  median  eignol  rodo  was  2.4 
(see  position  on  profile  in  Fig.  SB) 


and  antenna  heights  of  10,  15,  20, 
25  and  30  ft  on  channels  4 and  11. 
(One  typical  location  is  illustrated 
in  Fig.  6C.) 

Another  location,  18  miles  out  in 
a residential  part  of  Manhasset  was 
checked.  This  point  lies  on  rela- 
tively high  ground  but  the  terrain 
is  covered  with  trees  (no  foliage 
at  the  time)  and  detached  frame 
dwelling  of  approximately  30  ft 
height. 

No  recorder  run  was  possible  be- 
cause of  overhead  branches  and 
wires  but  the  cluster  measurements 
indicated  conditions  not  very  dif- 
ferent from  those  in  the  valley.  (A 
typical  position  is  illustrated  in 
Fig.  6D). 

Residential  Flat  Country 

On  the  Jamaica  radial  at  22 
miles,  a residential  development  in 
Baldwin  was  investigated.  This 
seemed  representative  of  suburban 
communities.  The  streets  are  wind- 
ing, lined  on  both  sides  with  two- 
story  frame  dwellings,  with  trees 
of  about  25-ft  height  (no  foliage 
when  the  measurements  were 
made.)  A recorder  run  around  a 
closed  circuit  of  3,000  ft  without 
overhead  obstructions  was  feasible. 
When  the  recordings  were  analyzed, 
the  median  value  of  the  ratio  was 
2.4,  as  shown  in  Fig.  5. 

A recorder  run  of  about  100  ft 
length  was  made  in  the  vicinity  of 
Oceanside.  This  is  only  about  14 
miles  from  the  Baldwin  location  and 
the  neighborhood  is  very  much  the 


same.  The  30  to  10  ft  ratio  was 
2.25. 

Figures  6E  and  6F  illustrate  the 
signal-versus-height  factor  at  the 
Oceanside  location  on  New  York 
stations  (peak  video  signals  were 
used  in  this  case). 

Radial  vs.  Peripheral  Measurements 

During  the  course  of  several  sur- 
veys in  the  New  York  area  during 
the  past  year,  it  has  been  observed 
that,  in  built-up  regions,  the  signal 
on  radial  avenues  is  much  greater 
than  on  cross  streets.  It  seemed 
Mkely  that  this  condition  might  also 
occur  in  hilly  rural  areas,  because 


vehicle  surveys  following  radial 
roads  naturally  follow  valleys, 
rivers,  and  notches  in  hills.  To  in- 
vestigate this  possibility,  measure- 
ments were  made  on  portions  of 
the  Alpine  and  Mamaroneck  radials 
straddling  the  Bronx,  nearby  New 
Jersey  and  Westchester  regions 
(See  Fig.  1). 

The  Alpine  radial  (principally 
along  route  US  9W)  lies  on  top  of 
the  Palisades  and  has  a clear  signal 
path.  The  Mamaroneck  radial  tra- 
verses flat  country  in  the  Bronx  and 
follows  the  Boston  Post  Road  fairly 
close  to  Long  Island  Sound.  It  en- 
counters some  hills  at  its  outer  end. 


FIG.  6 — Variation  of  signal  with  height  at  various  locations,  on  channels  4 and  11 
(a-d)  and  on  all  New  York  channels  (E-F) 
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Recorder  measurements  taken  on 
these  radials  are  presented  in  Fig. 
7.  The  readings  are  given  as  /iv  per 
m at  10  ft  in  db  above  100  fiv  per  m. 

For  comparison,  portions  of  two 
traverses  (peripheral  paths)  were 
measured,  one  on  roads  approxi- 
mating an  arc  at  9 miles  radius  and 
the  other  at  about  19  miles  radius. 
The  measurements  on  the  traverses 
are  presented  in  Fig.  8.  In  this 
figure,  the  straight  lines  represent 
the  signal  level  as  judged  from  the 
values  on  the  two  radials. 

On  the  Mamaroneck-Dobbs  Ferry 
traverse,  through  the  center  of  su- 
burban Westchester,  the  measured 
signals  fell  substantially  below 
those  predicted  by  the  radials  by 
12  to  18  db,  rising  only  on  high 
ground  near  the  center  of  the 
county.  The  same  is  true  of  the 
181st  St  traverse.  The  signal  rises 
to  the  predicted  line  only  on  a high 
bridge  across  the  Harlem  River. 

The  writer  favors  use  of  a mov- 
ing vehicle  with  10-ft  antenna 
height.  For  the  high-band  televi- 


FIG.  7 — ^Arerage  irignal  levels  cdong 
Mooaaroneek  and  Alpine  radials 
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FIG.  8 — Average  signal  levels  along 
Dobbs  Ferry-Momaroneck  and  181st  Street 
traverses.  The  median  signal  values  ore 
12  db  and  9 db.  respectively,  lower  than 
the  radial  values 


sion  channels  (7-13),  the  height 
factors  to  change  readings  made 
at  10  feet  to  the  value  at  30  feet, 
should  probably  be  as  follows:  3.0 
in  very  flat  country  with  no  houses. 


trees  or  other  obstructions;  2.3  in 
very  flat  country  occupied  by  small 
buildings  and  trees;  1.1  in  regions 
deeply  shadowed  by  hills;  interme- 
diate values  between  1.1  and  2.3  for 
hilly  country  occupied  by  buildings. 

To  investigate  off-radial  cover- 
age, it  is  suggested  that  two  peri- 
pherals be  run,  one  at  approxi- 
mately 7 miles,  the  other  at  20 
miles,  and  that  the  recorder  tapes 
be  analyzed  in  the  arcs  between 
radials.  These  analyses  should  be 
used  in  correcting  the  signal  values 
obtained  on  the  radials. 

The  survey  car  should  include  a 
collapsible  30-ft.  antenna  for  spot 
checks  of  the  height  factor.  Multi- 
path  transmission  should  be  inves- 
tigated photographically  at  appro- 
priate points  on  the  peripherals. 
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Ionospheric  Cross-Modulation 


The  phenomenon  that  is  commonly 
identified  as  the  “Luxemburg  Ef- 
fect” is  a process  whereby  the 
modulation  of  a high  power  un- 
wanted station  is  superimposed 
upon  the  skywave  signals  of  wanted 
stations. 

The  wave  from  which  the  modu- 
lation is  transferred  is  the  dis- 
turbing wave:  The  region  where 
the  modulation  is  transferred  is 
the  region  of  cross  modulation,  and 
the  modulation  picked  up  by  the 
wanted  wave  is  called  the  transfer- 
red modulation.  The  meaning  of 
these  terms  is  illustrated  diagram- 
matically  in  Fig.  1. 

Theory 

The  development  of  the  algebraic 
expressions  is  a complex  problem 
and  for  the  purpose  of  this  report 
only  a brief  explanation  will  be 


By  GEORGE  R.  MATHER 

given.  However,  there  has  been 
considerable  effort  put  into  these 
investigations  by  other  individuals 
and  the  results  of  their  work 
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FIG.  1 — Simplilied  representation  of  fac- 
tors involved  in  the  so-coUed  Luxemburg 
effect 


is  described  elsewhere^’3 

It  is  well  known  that  the  strength 
of  received  skywave  signals  is  a 
function  of  the  absorption  of  the 
wave  by  the  ions  in  the  ionosphere. 


The  absorption  in  turn  is  propor- 
tional to  the  collisional  frequencies 
of  the  ions  and  this  is  closely  re- 
lated to  the  thermal  energy  of  the 
ions. 

Consider  then,  the  relation  be- 
tween the  thermal  energy  of  an 
electron  and  the  presence  of  a ra- 
dio wave.  When  a radio  wave  tra- 
verses the  ionosphere  there  is  an 
exchange  in  energy  and  some  of 
the  energy  of  the  radio  wave  is 
transferred  to  the  electron.  Thus 
the  agitational  energy  of  the  elec- 
trons is  increased  to  a value  greater 
than  the  thermal  energy.  When  the 
agitational  energy  of  the  electron 
exceeds  the  thermal  energy  the 
statistical  balance  is  upset  and 
energy  is  transferred  from  the  elec- 
tron to  the  molecules  at  each  colli- 
sion. This  results  therefore  in  an 
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overall  increase  in  the  mean  ther- 
mal energy  level  and  there  is  'an 
accompanying  increase  in  the  col- 
lisional  frequencies  of  the  ions  or 
indirectly  an  increase  in  the  ab- 
sorption coefficient  of  the  iono- 
sphere. 

If  a second  wave  now  traverses 
this  disturbed  portion  of  the  iono- 
sphere it  is  apparent  that  it  will  be 
subject  to  a degree  of  attenuation 
due  to  the  presence  of  the  first  dis- 
turbing wave.  If  the  disturbing 
wave  is  removed  there  is  an  im- 
mediate decrease  in  the  attenuation 
of  the  wanted  wave.  Thus  a repe- 
tition of  this  process  will  permit  ob- 
servation of  the  phenomena  of  iono- 
spheric cross  modulation. 

If,  however,  it  is  not  convenient 
to  pulse  modulate  the  disturbing 
wave  the  desired  end  is  achieved  by 
simply  amplitude  modulating  the 
disturbing  wave.  This  will  result 
in  an  alternate  heating  and  cool- 
ing of  the  electrons  and  there  will 
be  a periodic  variation  of  the  ab- 
sorption of  the  wanted  wave.  The 
wanted  wave  will  therefore  appear 
modulated  and  this  transferred 
modulation  may  be  detected  on  re- 
ception of  the  wanted  wave. 

Method  of  Observation 

In  order  to  observe  the  iono- 
spheric cross  modulation  an  experi- 
ment was  devised  making  use  of 
broadcasting  stations  KYW  and 
WRVA  on  1,060  kc  and  1,140  kc 
respectively.  The  geometry  of  the 
experiment  is  illustrated  diagram- 
matically  in  Fig.  2.  The  directional 
characteristics  of  the  KYW  trans- 
mitter are  utilized  so  that  the  ef- 
fective disturbing  power  is  ap- 
proximately 113  kilowatts. 

The  experiments  were  conducted 
at  2:00  a.  m.,  EST  from  June  6 to 
June  10,  1950  inclusive  and  were  of 
twenty  minutes  duration.  The 
transmitter  at  KYW  modulated  its 
carrier  to  depth  of  98  percent  with 
a 100-cps  tone.  KY’'W  operated 
with  the  tone  on  four  minutes  and 
off  one  minute  throughout  the  test. 
At  2:15  a.  m.  KYW  cut  its  car- 
rier. 

A receiver  in  Ottawa  was  tuned 
to  WRVA  1,140  kc,  which  operated 


unmodulated  on  June  6 and  7 and 
modulated  30  percent  with  a 440- 
cps  tone  on  June  8,  9 and  10. 

A radio  wave  analyzer  was  used 
in  conjunction  with  the  Ottawa  re- 
ceiver to  detect  and  measure  the 
amplitude  of  the  440  cycle  tone  and 
the  transferred  one  hundred  cycle 
tone. 

In  addition  a second  receiver  in 


FIG.  2 — Experimental  setup  for  studying 
ionospheric  cross  modulotion 


Ottawa  made  field  strength  record- 
ings on  WRVA  and  the  time  that 
KYW  cut  its  carrier  was  marked  on 
these  records. 

The  transfer  of  the  one  hundred 
cycle  tone  to  the  WRVA  carrier  was 
detected  on  each  of  the  five  nights. 
The  tone  was  audible  in  the  speaker 
and  was  detected  by  the  wave  ana- 
lyzer. 

On  the  latter  three  tests  it  was 
found  that  the  WRVA  carrier  was 
modulated  to  a depth  of  0.60  to 
0.75  percent  by  the  transferred  one 
hundred  cycle  tone. 

There  was  no  noticeable  change 
in  WRVA  field  strength  when  KYW 
cut  its  carrier. 

The  transferred  modulation  was 
subject  to  various  degrees  of  sta- 
bility from  intermittent  on  one  or 
two  nights  to  steady  (except  for 
normal  fading)  on  the  first  two 
nights. 

Precautions  Taken 

The  use  of  the  wave  analyzer 
eliminated  any  possibility  of  a 
confusion  of  the  transferred  tone 
with  any  background  hum  (power 
supply)  that  may  be  present.  It 


was  verified  that  the  transferred 
tone  disappeared  immediately  upon 
the  removal  of  the  modulation  from 
the  KYW  carrier. 

To  establish  that  the  phenome- 
non was  not  local  in  origin  several 
checks  were  made  of  stations  adja- 
cent to  the  1,140-kc  channel,  how- 
ever, the  transferred  tone  was  pres- 
ent only  on  the  WRVA  carrier. 

The  audio  tuning  of  the  wave 
analyzer  was  varied  and  there  was 
no  signal  detected  at  frequencies 
other  than  100  cycles  (exceptions  of 
course  was  440  cycles) . 

This  may  be  considered  one  of 
the  most  consistent  phenomenon 
observed  in  ionospheric  studies  in 
that  the  transferred  tone  was  de- 
tected on  each  of  five  consecutive 
nights.  The  transfer  was  evident 
throughout  various  degrees  of  ab- 
sorption but  the  dependance  on  ab- 
sorption, if  any,  could  not  be  de- 
termined. 

The  transfer  of  the  audio  signal 
was  effected  by  a disturbing  power 
of  approximately  113  kw  at  KYW. 
Assuming  a linear  relationship  be- 
tween power  and  transferred  modu- 
lation, modulation  of  a wanted  car- 
rier to  a depth  of  10  percent  would 
be  possible  with  a disturbing  power 
of  a megawatt. 

Available  literature  on  the  sub- 
ject indicates  that  a greater  trans- 
fer of  modulation,  then  detected  in 
these  investigations,  is  to  be  ex- 
pected. This  leads  us  to  conclude 
that  perhaps  the  conditions  of  these 
tests  were  not  optimum  and  more 
satisfactory  results  would  be  ob- 
tained with  a mobile  receiver.  A 
disturbing  transmitter  operating  on 
a lower  frequency  would  also  con- 
tribute to  a greater  degree  of 
transferred  modulation. 

It  is  the  desire  of  the  author  to 
extend  an  expression  of  gratitude 
to  the  Federal  Communications 
Commission  and  the  operators  of 
KYW  and  WRVA  for  their  kind 
assistance  and  co-operation  which 
made  the  experiment  possible. 
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Atmospheric  Noise  Measurement 

Observations  of  atmospheric  noise  down  to  0.3  microvolt  per  meter  between  75  kilo- 
cycles and  30  megacycles  require  receivers  with  special  preamplifiers.  Antennas  are 
integrally  mounted  with  the  remote  preamplifiers  and  connected  by  coaxial  cables  to 
recording  equipment.  Design  data  are  given  for  a noise  signal  generator 


Because  of  the  scarcity  of  long- 
term information  on  radio 
propagation  and  atmospheric  noise 
in  Canada,  there  has  been,  within 
the  last  few  years,  an  accelerated 
program  of  research  in  this  field. 

The  equipment  to  be  described  is 
used  for  the  continuous  measure- 
ment of  noise  levels  as  low  as  0.3 
microvolt  per  meter  over  the  fre- 
quency range  from  75  kilocycles  to 
30  megacycles.  It  comprises  six 
modified  communication  receivers, 
a control  chassis  for  channel  selec- 
tion and  all  major  switching  oper- 
ations, attenuators,  a graphic  re- 
corder, and  a noise-signal  generator. 
The  antennas  are  mounted  on  the 
boxes  that  house  the  wide-band 
amplifiers,  and  are  remotely  located, 
being  connected  to  the  measuring 
equipment  through  coaxial  cables. 

The  apparatus  illustrated  is  out- 
lined in  the  block  diagram  of  Fig.  1. 

Preamplifier  Design 

Because  no  suitable  antenna  could 
be  obtained  having  a flat  character- 
istic over  the  required  frequency 
range,  the  frequency  spectrum  was 
divided  into  three  ranges,  each  cov- 
ering about  10  megacycles.  By  mak- 
ing the  lengths  of  the  antennas  15, 
22,  and  30  feet  respectively,  it  was 
possible  to  keep  the  sensitivity  of 
each  individual  antenna  reasonably 
constant  over  its  frequency  range 
without  resonance  at  any  frequency. 
Variations  in  gain  are  known  and 
taken  into  account  when  making 
final  calculations  for  the  noise 
strength. 

The  main  problem  in  the  design 
of  a suitable  amplifier  lies  in  the 
fact  that  the  noise  figure  for  such 
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a system  must  be  kept  at  a mini- 
mum and  the  total  equivalent  noise 
from  all  sources  including  the  re- 
ceiver shall  not  exceed  0.3  microvolt. 
Experience  has  shown  that  the  noise 
level  encountered  in  the  Canadian 
North  is  very  low,  especially  in 
the  region  of  the  frequencies  above 
15  me. 

The  expression  for  the  noise 
figure  of  a combination  of  two  units 
in  cascade  is  given  by 

Nar=  NA  + {Na- 1)/Ga  (1) 

when  Nak  is  the  noise  figure  of 
amplifier  and  receiver  in  cascade, 
and  Ga  is  the  amplifier  gain.  It 
follows  that  the  gain  of  the  ampli- 
fier should  be  high.  The  first  ampli- 


fier stage  is  the  major  noise  contrib- 
uting factor  and  should  have  good 
stability  and  low  noise  level. 

Sources  of  Noise 

The  principal  noise  sources  of  the 
first  stage  are  shot-effect  noise,  de- 
veloped in  the  plate  of  the  tube,  and 
thermal  agitation  noise,  which  re- 
sults from  the  equivalent  input 
noise  resistance  of  the  tube  and 
circuit.  Thermal  agitation  noise 
becomes  negligible  if  the  equivalent 
noise  resistance  is  not  higher  than 
400  ohms.  Numbers  of  different 
tubes  were  subjected  to  tests  to  de- 
termine their  equivalent  noise  re- 
sistance and  suitability  for  use  in 


Representative  record  of  two  complete  cycles  of  noise  on 
six  sequential  frequencies 
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the  first  preamplifier  stage.  The 
noise  resistance  of  a pentode  showed 
approximately  700  to  1,500  ohms 
and,  therefore,  such  a tube  could  not 
be  used  for  this  purpose.  A 6AC7 
connected  as  a triode  showed  a noise 
resistance  of  only  200  ohms,  making 
this  tube  suitable  for  the  first  stage 
of  the  amplifier.  The  6AK5  is  a 


similar  type  of  tube  and  may  be 
used  if  connected  as  a triode.  Al- 
though the  triode  has  the  advantage 
of  a low  noise  level,  the  Miller  effect 
presents  a problem  in  the  design. 
The  grid-to-plate  capacitance  is  in- 
creased by  a factor  of  (G  -f-  1),  G 
being  the  voltage  gain  of  the  stage. 
Using  a 6AC7  as  a triode  with  an 
input  capacitance  of  11  jxtj.f  and  a 
gain  of  7,  this  capacitance  becomes 
about  70  [X[j.f  because  of  the  Miller 
effect.  By  making  the  gain  of  the 
first  stage  unity,  the  capacitance 
increases  only  to  twice  its  value 
through  the  Miller  effect,  and  any 
variations  in  the  input  capacitance 
are  small  when  performing  such 
operations  as  changing  tubes.  Hav- 
ing thus  selected  the  design,  in  Fig. 
2,  of  the  first  stage,  the  following 
circuit  is  a grounded-grid  amplifier, 
employing  another  6AC7  as  a triode. 
This  tube  provides  full  amplifica- 


tion. The  complete  arrangement 
represented  by  triodes  F,  and  Vo,  is 
termed  the  Wallman  circuits 

The  noise  level  of  such  an  ampli- 
fier can  be  calculated  and  from  the 
obtained  results  it  may  be  seen  that 
the  thermal  noise  is  of  very  small 
magnitude  as  long  as  the  input 
resistance  is  kept  low. 


The  equivalent  thermal  agitation 
noise  current  can  be  computed  from 
the  following  equation : 

i^=AKTGdf  (2) 

and  the  equivalent  shot-noise  cur- 
rent from  equation 

_ P = 4KTRS*„df  (3) 

where  P = mean-square  current 
K = Boltzmann’s  constant 
T = absolute  temperature  (usually 
assumed  20  C) 

G = total  conductance  at  tube  input 
df  — bandwidth  in  cycles 
R — equivalent  shot-noise  resistance 
Sm  = tube  mutual  conductance 
Assuming  the  bandwidth  to  be  10 
kc  we  obtain  from  Eq.  2 
P = 1.62  X 10i«G 

and  if  the  input  resistance,  Ri  = 1/G 
we  obtain  a thermal  agitation  noise 
of  7 = 0.0127  (72,)*  microamperes. 
For  the  equivalent  mean-square 
shot  noise  we  get 

F=  1.62  X wrnSm 

Assume  the  equivalent  shot-noise 
resistance  R is  200  ohms  and  Sm  is 


12  X 10®  micromhos.  Substituting 
these  values  in  Eq.  3 the  noise  cur- 
rent of  the  first  tube  is  then 

I = 0.280  microampere 
or  V = 0.179  microvolt 

The  plate  load  impedance  is  equal 
to  l/5„  or  83  ohms. 

To  obtain  the  required  bandwidth 
and  amplification,  the  Wallman  cir- 
cuit is  followed  by  a wide-band 
amplifier.  To  achieve  a bandwidth 
of  about  10  me  with  a frequency 
response  of  ±:  0.5  db  over  the  entire 
range,  a degenerative  amplifier  em- 
ploying voltage  feedback  and  stag- 
gered tuning  was  designed.  The 
output  was  taken  from  a cathode 
follower.  Ft,  to  match  the  73-ohm 
impedance  of  the  succeeding  attenu- 
ators. The  network  consisting  of 
72„  Rt,  and  R^  serves  the  purpose  of 
providing  proper  match  to  the  noise 
signal  generator  which  is  fed  into 
the  preamplifier  at  that  point.  The 
complete  amplifier  is  housed  in  a 
watertight  case  with  a strip-heater 
included  to  prevent  condensation 
when  operating  the  equipment  at 
low  temperature. 

Receivers 

Because  the  amount  of  noise  pass- 
ing through  the  receivers  will  de- 
pend on  the  effective  noise  band- 
width of  the  circuits,  the  six  sets 
were  carefully  aligned  to  eliminate 
any  possibility  of  variation  in  this 
bandwidth.  For  this  purpose  the 
selectivity  control  and  avc  control 
were  fixed  and  the  bfo  was  cut  out 
entirely.  The  effective  noise  band- 
width B of  the  i-f  amplifier  of  each 
set  was  then  calculated  from  the 
equation 

S = J"  IG'/G'oN/  (4) 

where  G is  the  gain  at  frequency  f 
and  Go  the  gain  at  resonant  fre- 
quency. 

The  input  resistance  of  a type 
AR88LF  receiver,  while  nominally 
200  ohms,  actually  varies  widely 
around  this  value.  On  a typical  set, 
values  as  low  as  60  ohms  at  4.4  me 
and  as  high  as  350  ohms  at  30  me 
have  been  measured  with  an  im- 
pedance bridge.  Therefore  it  is 
necessary  to  introduce  a resistance 
network  at  the  input  to  reduce 


FIG.  1 — Block  diagram  of  the  atmospheric  noise-recording  setup.  Receivers 
are  automatically  switched 
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these  variations.  The  resistance 
seen  by  the  input  cable  in  this  case 
varies  only  from  71.5  to  78.0  ohms. 
Although  this  arrangement  involves 
a considerable  loss  of  signal 
strength  at  all  frequencies,  the 
overall  gain  available  is  ample  to 
take  care  of  it.  The  noise  output  of 
the  receiver  is  taken  from  the  sec- 
ond detector  stage  as  a rectified  d-c 
voltage. 

The  major  components  of  the  con- 
trol chassis  are  the  sequence  timing 
motor  and  selector  switches  that 
allow  the  six  sets  to  be  sampled  in 
any  required  sequence.  Each  re- 
ceiver is  sampled  for  a period  of  25 
seconds,  one  complete  sequence  be- 
ing completed  in  3 minutes.  A con- 
ventional R-C  time  constant  pro- 
vides a 60-second  time  delay  for 
measuring  average  noise  level.  The 
time  constant  can  be  switched  off 
for  recording  noise  peaks.  The  re- 
cording meter  is  connected  to  the 
output  of  the  time  constant  network 
by  way  of  a balanced  bridge  circuit. 
The  diagram  in  Fig.  3 shows  this 


circuit  which  can  be  adjusted  by 
varying  the  screen  voltages  on  the 
tubes  with  the  control  Re. 

Recording  the  Noise 

A sample  of  the  recording  chart 
illustrated  shows  two  complete  cy- 
cles of  recorded  noise  levels,  using 
six  different  frequencies.  The 
markings  on  the  left  side  of  the 
chart  indicate  the  amount  of  atten- 
uation for  each  receiver  used.  In 
this  case  each  little  square  wave 
indicates  an  attenuation  of  20 
decibels.  Two  sidepens,  one  for 
each  margin,  are  available  and  can 
be  used  to  record  such  information 
as  attenuation,  time,  or  recording 
sequence. 

The  noise  signal  generator  serves 
to  calibrate  the  equipment  and  to 
compare  the  unknown  incoming  at- 
mospheric noise  with  a known,  cali- 
brated noise  signal.  A temperature 
limited  noise  diode  with  an  ampli- 
fier and  monitor  forms  the 
basis  of  the  generator.  The  noise 
diode  is  a tube  specially  constructed 


for  this  application.  It  has  a pure 
tungsten  filament  with  high  current 
capacity.  The  load  impedance  of 
the  noise  diode  consists  of  a 3,300- 
ohm  resistance  in  parallel  with  40 
(Xftf  capacitance,  as  shown  in  Fig.  4. 

Noise  Generator  Connection 

At  frequencies  from  2 to  30  me, 
this  network  is  connected  in  series 
with  the  tuned  circuit  at  the  grid  of 
the  first  r-f  stage.  The  tuned  cir- 
cuit is  shorted  out  for  the  lower 
frequencies.  Thus  at  low  fre- 
quencies, the  effective  input  grid 
impedance  is  near  3,300  ohms;  at 
higher  frequencies,  the  resonant 
impedance  of  the  tuned  circuit  be- 
comes the  dominating  factor.  This 
circuit  was  chosen  to  achieve  rea- 
sonable constancy  of  noise  output 
over  the  entire  frequency  spectrum. 

Plate  Choke 

The  plate  supply  lead  to  the  noise 
diode  is  effectively  choked  over  the 
entire  range  by  a network  consist- 
ing of  two  resistors,  a special  choke 


FIG.  2 — Circuit  diagreon  of  the  wide-bond  ompliiior  located  at  the  ontonna 
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FIG.  3 — ^Recording  bridge  circuit,  balanced  by  adjustment  of  Rg 


tor  is  in  rms  microvolts 

{BnY/^  X { Af/(5o)V* ) = Noise  in  rms-  (5) 
V ^ microvolts  per 

Bn  cycles 
bandwidth 

Conversion  of  microvolts  to  mi- 
crovolts per  meter  can  be  made  via 
the  formula  relating  the*two  units. 
For  a given  antenna  length  h and 
given  wavelength  X we  obtain 


tan  - 


irh 


Microvolts  = 


irh 


microvolts  per  meter 
(6) 


A number  of  other  factors  have  to 
be  taken  into  account  when  calibrat- 


and  a bypass  capacitor.  The  noise 
diode  is  followed  by  two  r-f  sections 
and  the  output  is  taken  from  a cath- 
ode follower  stage  to  the  preampli- 
fiers. 

The  i-f  section  of  a receiver  is 
used  for  monitoring  purposes.  Its 
gain  has  been  made  invariable  by 
introducing  cathode  biasing.  The 
conversion  gain  of  the  mixer  stage 
in  front  of  the  i-f  amplifier  remains 
satisfactorily  constant  over  the  fre- 
quency range.  One  meter  indicates 
the  noise  diode  current,  and  another 
shows  the  noise  output  of  the  gen- 
erator. 


The  calibration  will  depend  on  the 
accuracy  and  stability  of  the  equip- 
ment. If  M microvolts  of  a sinus- 
oidal signal  are  required  at  the  in- 
put of  the  monitor  mixer  for  full 
scale  output  and  the  noise  band- 
width of  the  monitor  is  cycles  per 
second,  then  M/(Bo)^  is  the  moni- 
tored noise  voltage  in  rms  micro- 
volts per  cycle  bandwidth.  The  at- 
mospheric noise  signals  are  usually 
expressed  in  terms  of  microvolts  per 
meter  for  a noise  bandwidth  of  5„. 
Therefore  the  atmospheric  noise 
signal  that  gives  the  same  recorded 
reading  as  a signal  from  the  genera- 


FIG.  4 — ^Noise-initiating  circuit  ior  cali- 
brating generator 

ing  the  equipment  but  a detailed 
description  of  the  entire  calibration 
procedure  would  be  beyond  the 
scope  of  this  paper. 
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Variable  Pulse-Length  Generator 

Regeneration  added  to  a cathode-coupled  clipper  provides  linearly  variable  pulses 
ranging  from  0.5  to  24  microseconds  in  width  and  peak-to-peak  voltage  values  between 

4.5  and  6.5  volts 

By  J.  C.  MAY 

The  several  avaHiABLE  types  provides  an  extremely  limited  width  muntz  and  Krauss*  with  regenera- 
of  variable-pulse-length  gen-  variation.  The  cathode-coupled  tion  provided  by  Co  and  Rn  to  im- 
erators  use  two  basic  circuits  for  multivibrator*  can  be  designed  to  prove  the  rise  time  of  the  output 
obtaining  a variable  output.  The  give  large  variations  in  pulse  width,  pulse.  Regeneration  also  decreases 
first  differentiates  a square  wave  But  it  is  difficult  to  make  this  varia-  the  required  input  level  necessary 
and  clips  the  resulting  pulse.  By  tion  linearly  proportional  to  the  con-  for  satisfactory  clipping, 
varying  the  time  constant  of  the  trol  voltage,  especially  as  the  fre-  With  the  input  voltage  at  zero, 
differentiating  circuit,  the  length  of  quency  of  operation  is  increased,  and  a low  value  of  bias,  Ecn,  on  the 
the  clipped  pulse  is  controlled.  The  The  generator  circuit  to  be  pre-  grid  of  Vi,  conducts  and  Vi  is 
other  circuit  is  a one-shot  multi-  sented  here  was  developed  to  im-  cut  off.  As  the  bias  is  made  less 
vibrator  in  one  of  its  forms.  Here  prove  the  linearity  between  pulse  negative  Vi  starts  to  conduct.  Its 
the  time  required  for  the  circuit  to  width  and  control  voltage  while  current  causes  a rise  of  cathode 
return  to  equilibrium,  after  receiv-  permitting  the  widths  to  be  contin-  potential,  which  subsequently  causes 
ing  an  input  pulse,  determines  the  uously  varied  throughout  the  repe-  F,  to  be  cut  off.  Regeneration  aids 
pulse  length.  tition  period.  The  circuit  operates  this  switching  process.  Tube  V, 

In  some  applications,  such  as  by  adjusting  the  level  at  which  a will  remain  cut  off  until  the  grid 
pulse-width  modulation,  it  would  be  sawtooth  voltage  is  clipped.  bias  on  Fi  is  decreased  to  a point 

convenient  to  vary  the  pulse  width  ^ ^ ^ below  cut-off.  While  it  is  not 

linearly  over  a wide  range  as  a f unc-  physically  possible  to  provide  suffi- 

tion  of  some  voltage  or  current.  The  basic  circuit  of  the  genera-  cient  regeneration  to  cause  Va  to  cut 
The  phantastron^  gives  a linear  var-  tor,  shown  in  Fig.  1,  is  the  cathode-  off  exactly  as  F,  starts  to  conduct, 
iation  controllable  by  a voltage  but  coupled  clipper  developed  by  Gold-  the  change  required  in  grid  1-to- 


FIG.  1 — ^Basic  cathode-coupled  clipper  circuit  with  regeneration  FIG.  2 — ^Applied-voltage  wove  showing  mechoniam  oi  pulse 
provided  by  and  Ax4  generation 
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ground  voltage,  e,  necessary  to 
change  V,  from  “on”  to  “off”  can 
be  made  in  the  order  of  a volt. 
For  this  reason,  the  switching  level 
is  indicated  as  a single  line  in  Fig.  2. 

Now  suppose  that  the  applied 
voltage,  e,  is  a sawtooth  voltage 


plus  the  d-c  bias  Ecm.  If  the  peak 
value  of  e is  never  sufficient  to  cause 
Vt  to  conduct,  no  change  occurs  in 
the  plate  circuit  of  Va.  In  Fig.  2, 
e causes  Va  to  start  conducting  at 
point  X,  to  continue  conducting  for 
a time,  T,  and  then  to  cut  off  at 
point  y.  A positive  pulse  of  dura- 
tion T will  appear  at  the  plate  of 
Fb.  By  further  increasing  e,  T can 
be  made  to  increase  linearly  with 
Ecci  if  the  sawtooth  voltage  is 
linear.  When  the  time,  T,  is  equal 
to  the  period  of  the  sawtooth,  the 
output  pulse  will  drop  to  zero  be- 
cause Va  will  be  cut  off  for  the  full 
period. 

Applied  Voltage  Requirements 

The  minimum  sawtooth  voltage 
required  is  about  10  volts  peak-to- 
peak  and  may  be  obtained  from  any 
convenient  source  such  as  the  time- 
base  voltage  from  an  oscilloscope. 
However,  for  experimental  pur- 
poses, a simple  blocking-oscillator 
saw-tooth  generator*  was  built  and 
is  shown,  together  with  the  varia- 
ble-length pulse  generator  in  Fig.  3. 
The  waveform  of  the  sawtooth 
generator,  as  taken  from  the  dis- 
play on  a Tektronix  Model  511 


oscilloscope,  is  not  ideal  but  its 
linearity  is  sufficient  for  its  in- 
tended purpose.  A triangular  wave- 
form would  also  be  suitable  but  it  is 
usually  more  difficult  to  obtain. 

The  minimum  pulse  width  attain- 
able with  the  circuit  constants  of 


Fig.  3 is  0.5  microsecond.  This  is 
limited  primarily  by  the  sharpness 
and  jitter  of  the  sawtooth  voltage. 
The  maximum  pulse  width  with  a 
40-kilocycle  repetition  rate  is  24 
microseconds.  Voltage  Eooa  is  initi- 
ally adjusted  to  a value  that  will 
permit  Ecm  to  control  the  pulse 


over  the  full  width  range.  The 
pulse  height  varies  from  4.5  volts 
peak-to-peak  at  maximum  pulse 
width  to  6.5  volts  at  minimum  pulse 
width.  The  variation  in  height 
could  be  further  decreased  by  a 
decrease  in  regeneration  at  the  ex- 
pense of  increased  rise  time  of  the 
output  pulse.* 

Pulse  width  as  a function  of  Eca 
is  shown  in  Fig.  4.  Curve  A rise 
time  is  good  but  the  width  varies 
in  a nonlinear  manner  since  grid 
current  flows  in  F,  for  a portion 
of  the  cycle.  To  prevent  grid  cur- 
rent from  flowing,  a larger  cathode 
resistor  is  used  and,  to  offset  the 
decrease  in  output,  a larger  load 
resistor  is  used  in  the  plate  circuit 
of  F».  Linear  output  of  large  ampli- 
tude and  poor  rise  time  of  curve  B 
is  thus  achieved.  The  compromise 
solution  gives  the  results  of  curve 
C which  has  sufficiently  good  lin- 
earity, reasonable  output,  and  rise 
time  satisfactory  for  most  purposes. 
The  sensitivity  of  the  pulse  gener- 
ator (sensitivity  being  defined  as 
the  ratio  of  change  in  pulse  width 
to  the  change  in  control  voltage 
Eooi)  will  vary  inversely  with  the 
magnitude  of  the  sawtooth  voltage. 
By  reference  to  Fig.  2 it  will  be  seen 
that  Ecci  has  to  change  by  a small 


FIG.  4 — Pulae  width  as  a function  of  grid  bias  for  various  circuit  constants 


FIG.  3 — Blocking-oscillotor  sawtooth  generator  feeding  the  vanable-length  pulse 

generator 
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+ 275  VOLTS 


FIG.  5 — Pulse  amplifier  with  gain  of  5.  giving  maximum  output  of  25  volts  peak-to-peak 


amount,  roughly  equal  to  the  peak- 
to-peak  value  of  the  sawtooth  volt- 
age, to  get  100-percent  change  in 
width  when  the  amplitude  of  the 
sawtooth  is  small.  As  the  sawtooth 
amplitude  is  increased  the  change 
in  Ecci  must  also  be  increased  to 
provide  100-percent  change  in  pulse 
width. 

As  shown  in  Fig.  2 the  trailing 
edge  of  the  pulse  remains  fixed  and 
the  leading  edge  is  moved  out  as 
Earn  increases  in  magnitude.  If  it 
should  be  desirable  to  reverse  this 
operation  the  polarity  of  the  saw- 
tooth voltage  should  be  reversed. 
The  leading  edge  will  then  remain 
fixed  and  the  trailing  edge  of  the 
pulse  will  move. 

Measurement  of  Pulse  Width 

The  point-by-point  accuracy  of 
the  pulse-width  measurement  is 
limited  by  the  procedure  used  in 
this  investigation.  A Browning 
Sweep  Calibrator  Model  GL-22  with 
0.5-microsecond  markers  was  used 
as  the  width  indication.  Markers  of 
0.1-microsecond  width  are  available 
with  this  instrument  but  they  had 
insufficient  amplitude  for  this  par- 
ticular work.  With  reasonable  care, 
the  0.5-microsecond  markers  give 
reliable,  repeatable  data. 

A d-c  amplifier  may  conveniently 
be  provided  to  supply  Eccx  so  that  a 
relatively  small  change  in  voltage  is 
necessary  to  change  the  pulse  width. 
Grid  supply  voltages  Ecn  and  Ecc^ 
were  supplied  from  suitably  by- 
passed voltage  dividers  connected 
to  the  regulated  plate  supply  in  this 
experimental  model. 

The  unit  described  here  was  de- 
signed to  operate  only  in  the  vicin- 
ity of  40  kilocycles.  Lower-fre- 
quency operation  is  easily  achieved 
by  merely  decreasing  the  frequency 
of  the  sawtooth  voltage  and  increas- 
ing the  size  of  the  coupling  capaci- 
tors. Linearity  could  be  further  im- 
proved by  giving  the  design  of  the 
sawtooth  generator  more  attention. 
Conventional  series  and  shunt  peak- 
ing methods  may  be  employed  if  im- 
provement of  the  rise  time  or  an  in- 
creased repetition  rate  of  the  pulses 
is  desirable.  Without  any  changes 


the  unit  has  been  operated  at  100 
kilocycles. 

A simple  pulse  amplifier  is  shown 
in  Fig.  5.  This  has  been  used  where 
larger  pulse  output  has  been  desir- 
able. It  introduces  no  perceptible 
pulse  distortion  when  the  external 
shunt  load  capacitance  is  20  micro- 
microfarads. 

Synchronization  of  this  pulse 
generator  with  some  voltage  is 
easily  accomplished  by  synchroniz- 
ing the  sawtooth  generator  with  the 
desired  voltage.  In  this  particular 
unit  a three-winding  blocking-oscil- 
lator transformer  was  used,  the 
third  winding  being  used  for  tlie 
insertion  of  the  synchronizing  volt- 
age.® The  input  impedance  is  fairly 
high  but  it  will  be  necessary  to  use 
an  isolating  amplifier  if  it  is  desir- 
able to  prevent  the  blocking-oscilla- 
tor firing  pulse  from  being  superim- 
posed on  the  synchronizing  voltage. 

Applications 

The  variable-pulse-length  gener- 
ator shown  here  was  developed  pri- 
marily for  use  in  a multiplier  cir- 
cuit which  will  produce  an  output 
voltage  whose  instantaneous  ampli- 
tude is  a product  of  two  instantane- 
ous input  voltages.  The  circuit  may 
be  used  for  pulse-width  modulation 


where  the  modulating  voltage  is 
superimposed  on  Eom',^  it  also  can 
produce  variable  pulse  delay  where 
the  pulse  to  be  delayed  is  used  to 
synchronize  the  pulse  generator 
and  the  delayed  output  pulse  is  ob- 
tained from  the  differentiated  gen- 
erator output.  This  operation  is 
analogous  to  conventional  flip-flop 
delay  multivibrator  action  but  has 
wider,  more  linear  control  of  the 
delay  time.  Variable  pulse  delay  can 
be  used  as  a basis  for  modulation 
(pulse-position  modulation).*  Two 
of  these  pulse  generators  could  be 
connected  in  cascade  to  provide  an 
extremely  flexible  variable-delay, 
variable-width  gating  circuit.  The 
first  unit  would  supply  variable  de- 
lay, the  second  variable  gate  width. 
The  movable  edge  of  the  variable- 
width  pulse  may  be  differentiated  to 
provide  a pulse  variable  in  time  to 
be  used  to  control  the  ignition  time 
of  a thyratron  or  ignitron  circuit.’ 
Control  by  a d-c  voltage  of  the  thy- 
ratron or  ignitron  current  is  read- 
ily assured  over  a full  half-cycle  of 
anode  voltage. 

In  any  of  the  above  systems  the 
pulse  output  can  be  made  to  be  a 
triggered  output.  That  is,  if  a 
sawtooth  generator  were  employed 
that  was  not  free-running  but  de- 
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livered  a sawtooth  only  upon  the  re- 
ception of  a synchronizing  pulse, 
pulse  output  would  depend  directly 
on  the  repetition  rate  of  the  syn- 
chronizing voltage.  This  is  not  read- 
ily accomplished  with  the  blocking- 
oscillator  sawtooth  generator  shown 
here  but  several  other  forms  are 
available.*’  * 

The  author  wishes  to  thank  H.  L. 
Krauss  of  Yale  University  for  sug- 


gesting this  type  of  circuit  and  for 
his  help  and  criticism  during  the 
investigation. 
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Sync-Separator  Analysis 

Response  of  a sync  separation  circuit  to  the  nonsinusoidal  composite  television  signal  is 
analyzed.  Equations  are  given  for  circuit  design  and  calculated  values  are  compared 
with  measured  values  for  monoscope  and  broadcast  test  pattern  inputs 


By  W.  HEISER 


CIRCUITS  used  for  sync  separa- 
tion are  not  complex  in  nature 
but  their  response  to  the  composite 
television  signal  is  quite  different 
from  that  which  a conventional 
sinusoidal  analysis  would  show. 

The  requirements  for  an  ideal 
sync  "separation  system  are  three- 
fold, namely: 

(1)  The  sync  pulses  should  be 
entirely  free  of  any  video  signal  or 
the  blanking  pedestal. 

(2)  The  horizontal  sync  pulses 
should  all  have  the  same  amplitude 
and  shape;  moreover,  the  vertical 
sync  and  equalizing  pulses  should  be 
consistent  in  their  waveforms  also. 

(3)  A reasonable  amount  of 
noise  immunity  should  be  achieved 
in  the  separating  system. 

These  requirements  should  be  met 


FIG.  1 — Sync  clipper  circuit  an- 
cdyzed  in  text 


for  all  conditions  of  modulation, 
percent  sync  and  picture  content 
that  are  within  the  FCC  require- 
ments. 

The  sync  separation  circuit  to  be 
analyzed  is  shown  in  Fig.  1.  The 
input  signal  at  point  A is  a com- 
posite video  signal  with  positive 
sync  pulses  and  the  sync  pulses 
alone  are  obtained  at  point  B.  With 
the  proper  choice  of  the  constants  in 
the  grid  circuit,  the  grid  of  the 
6AG5  will  restore  in  the  sync  pulse 
region. 

The  location  of  the  restoring 
point  in  the  sync  pulse  region  is 
dependent  upon  the  ratio  Rz/R^  as 
will  be  shown  subsequently.  The 
tops  of  the  sync  pulses  are  removed 
since  grid  current  is  drawn  during 
this  time,  attenuating  that  portion 


FIG.  2 — Solid  arrow  shows  discharge  path 
for  C and  dashed  arrow  the  charging  path 


of  the  sync  above  the  restoring  level 
by  the  ratio  of  to  R2  (see  Fig.  2), 
while  the  bottoms  of  the  sync  pulses 
and  the  video  signal  are  removed 
since  they  are  below  the  low  cutofiF 
point  (—1  to  —1.5  v)  established  by 
the  low  plate  and  screen  voltages  of 
the  6AG5. 

With  the  grid  of  the  6AG5  restor- 
ing near  the  blanking  level  the  noise 
immunity  of  this  circuit  is  quite 
good.  However,  restoring  in  this 
region  rather  than  near  the  sync 
tips  tends  to  make  the  restoring 
level  more  critical  since  changes  in 
the  restoring  level  due  to  variations 
in  the  average  video  signal  or  the 
advent  of  the  vertical  sync  pulses 
will  cause  a variation  in  the  shape 
or  width  of  the  sync  pulses  at  the 
output  of  the  sync  clipper  since  the 
sync  pulse  is  trapezoidal  rather 
than  rectangular  in  shape. 

The  variation  due  to  changes  in 
the  average  video  signal  is  usually 
slow  enough  to  be  negligible,  while 
that  due  to  the  vertical  sync  pulses 
may  be  eliminated  by  using  a large 
enough  coupling  capacitor  as  will  be 
shown  later.  While  increasing  C 
above  a certain  minimum  value  does 
not  affect  the  restoring  level,  it  will 
decrease  the  immunity  of  the  cir- 
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cuit  to  some  types  of  noise. 

Pulse  Amplitude 

The  magnitude  of  the  sync  pulses 
desired  at  the  output  of  the  clipper 
as  well  as  the  size  of  the  input  com- 
posite signal  play  a large  part  in 
determining  how  far  down  from  the 
sync  tips  we  may  restore  without 
having  video  and  pedestal  present 
in  our  clipped  S3mc  output.  For  ex- 
ample, with  a 25-v  peak-to-peak 
composite  signal  at  point  A with 
20-percent  sync,  or  5 v of  sync,  we 
will  only  have  30  percent,  or  1.5  v 
of  sync  at  the  clipper  grid  if  we  are 
restoring  70  percent  down. 

To  keep  the  sync  clean,  the  cutoff 
point  of  the  tube,  determined 
largely  by  the  screen  voltage,  must 
be  closer  to  zero  than  — 1.5  v,  or  we 
must  restore  closer  to  the  sync  tips 
with  perhaps  some  decrease  in  noise 
immunity.  With  the  cutoff  point 


capacitance  has  no  effect  on  the  re- 
storing level  when  the  vertical  sync 
pulses  are  not  considered. 

(4)  The  change  in  restoring  level 
due  to  the  vertical  sync  pulses  with 
various  values  of  coupling  capaci- 
tors larger  than  the  value  found  in 
item  3 above. 

(5)  The  minimum  value  of  the 
coupling  capacitor  to  eliminate  this 
change  in  restoring  level  during 
vertical  sync  pulse  time. 

Restoring  Level 

For  these  calculations  we  need 
only  consider  that  portion  of  the 
circuit  shown  in  Fig.  2.  For  the 
first  three  computations  the  input 
signal  at  point  A is  as  shown  in  Fig. 
3.  The  concept  of  an  average  level 
(Ka)  for  the  video  signal  is  not 
strictly  rigorous  unless  we  have  a 
constant  video  signal  such  as  given 
by  a test  pattern.  Since  all  meas- 


We  may  neglect  r,  as  compared 
with  Ri. 

For  purposes  of  computation,  the 
idealized  signal  is  shown  in  Fig.  4. 
Then  E and  E'  represent  the  charge 
on  capacitor  C at  the  end  of  the  dis- 
charge and  charge  times  respec- 
tively. Since  the  voltage  across  C 
at  the  end  of  the  charge  time  equals 
the  voltage  at  the  beginning  of  the 
sync  pulse  plus  the  amount  the  ca- 
pacitor is  able  to  charge  up,  we  may 
write  Eq.  1.  Similarily,  we  may 
write  Eq.  2 by  noting  that  th6  volt- 
age across  C at  the  end  of  the  dis- 
charge time  is  equal  to  the  voltage 
at  the  beginning  of  the  discharge 
minus  the  amount  the  capacitor  has 
discharged  during  the  time  interval. 

E'=E+{Ec-  E)  (1  - (1) 

E = E'-  [E'-  E,  (1  - Ka)] 

(1  - (2) 

To  simplify  the  notation  let 


■'H*'  K — 


Ks*  PERCENT  SYNC  OF  COMPOSITE  SIGNAL 
Ka*  AVERAGE  VIDEO  LEVEL  FROM' SYNC  TIPS 
IN  PERCENT  OF  COMPOSITE  SIGNAL 
f,  • SYNC  PULSE  width  IN  SECONDS 
I|  + f2*  63  5 ^ SECONDS  • l/UNE  FREQUENCY 


FIG.  3 — Ck>mposite  video  signal  fed  to 
circuit  of  Fig.  2 


FIG.  4 — Idealized  input  signal  used  for 
analysis  of  the  circuit  action 


FIG.  5 — Idealized  waveform  during  ver- 
tical blanking  time 


closer  to  zero  the  magnitude  of  the 
sync  pulses  in  the  output  will  be 
less. 

It  is  proposed  to  show  a method 
for  calculating  the  following : 

(1)  The  restoring  level  at  the 
grid  of  the  clipper  tube,  assuming 
for  the  present  that  the  vertical 
s3Tnc  pulses  have  no  effect  on  this 
level. 

(2)  The  variations  in  this  restor- 
ing level  with  different  values  of 
percent  sync  in  the  composite  video 
input  signal  and  with  changes  in 
average  picture  content. 

(3)  The  value  of  the  coupling  ca- 
pacitor above  which  any  increase  in 


urements  made  in  this  article  were 
taken  using  a test  pattern  and  since 
the  variations  in  the  restoring  level 
from  line  to  line  are  small,  the  aver- 
age level  Ka  is  taken  over  a com- 
plete field  for  the  purpose  involved. 

(1)  In  calculating  the  restoring 
level  when  neglecting  the  vertical 
sync  pulses  two  assumptions  are 
made.  Capacitor  C discharges  be- 
tween sync  pulses  through  Ri  + .Rt 
toward  the  average  level,  Ec  {1  — 
Ka).  We  may  neglect  Ra  as  com- 
pared with  Ri.  Capacitor  C is 
charging  during  the  sync  pulses  to- 
ward the  sync  tips  through  Ra  -f  r,. 


Circuit  of  narrow-band  sync  amplifier 
and  sync  detector  tbat  caused  rounding 
of  pulses  shown  in  Fig.  6 
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U. 

RiC 


X 


and 


Then  E'=  Ee~  {Ec  — E)  e"* 

= Ee  {I  — e-»)  + Ee-» 


(3) 


E^  Ec  (I-  Ka)  + E'e-*  - Ec 
(1  - Ka)  e-*  = Ec  {I-  Ka) 

(1  - e-*)  + E'  e-*  (4) 


It  is  immaterial  whether  we  solve 
at  this  time  for  E or  E'  since  they 
are  almost  equal. 

Solving  for  E by  inserting  Eq.  3 
in  Eq.  4, 


E = 


Ec 


Ka  (1  - 

1 - c“*  J 


(5) 


To  simplify  Eq.  5,  consider  the 
series 


e*  = 1 + z + + . . . . 

As  long  as  z is  less  than  0.1  we 
may  use  the  approximation  e*  ^ 1 
+ 2 with  an  error  less  than  1 per- 


FIG.  6 — ^Horizontal  sync  pulse  at  clipper 
grid  with  the  tube  remoTed  from  its  socket 
shows  rounding 


cent.  If  X and  y are  leas  than  0.1, 
1 X 


1 _ e-«  = 1 - 


1 + ® 1+35 


and  \ — a 


“ " " ■ (1  + *)  (1  + 1^) 


Let  us  define  A*! 


1 - e-« 

1 — «-*  C-* 


X 


If  we  restrict  y to  being  0.05  or 
less  we  may  then  approximate  with 
less  than  a 5-percent  error  by 
calling 


^1  o 


X 

x + y 


Substituting  the  values  of  x and 
y and  simplifying, 


so  Eq.  5 becomes 

E=  Ec  a - KaKi)  (7) 

Let  us  define  the  restoring  level 
as  L = (Ec  — E)  /Ec.  Examination 
of  Fig.  4 shows  that  when  this  ratio 
is  zero  we  are  restoring  at  the  top 
of  the  sync  tips  and  when  it  is  1 we 


SYNC 

X % SYNC  REMOVED  BY  GRID 
CURRENT 

175% 

7.1  % REMAINING  SYNC 

VIDEO 

92.9%  VIDEO 

625% 

X+ri  17,5 

92.9  * 82.5 

X « 12.62% 

12.62  + 7.1  ^ 

FIG.  7 — Sample  eolcnlatibn  of  meas- 
ured restoring  level 


any  set  of  constants  Ri  and  R»  the 
restoring  level  is  independent  of  C 
as  long  as  it  is  greater  than  the 
value  given  below.  This,  as  stated 
previously,  does  not  mean  that  the 


Circuit  of  second  sync  clipper  whose 
output  feeds  the  horizontal  discriminator 
and  vertical  integrator 


value  of  C will  not  affect  the  change 
in  restoring  level  due  to  the  vertical 
sync  pulses. 

For  V < 0.06  = ti/(RiO 

C'min  = ^ (9) 


FIG.  8 — Ezponential  change  in  restoring 
level  during  vertical  sync  pulses  with 
various  values  of  C 


are  restoring  at  the  blanking  level. 
Using  Eq.  7 and  E,  = K,  Ec 

L = (8) 


(4)  During  the  time  when  the 
vertical  sync  pulses  are  present, 
capacitor  C of  Fig.  2 is  charging 
toward  the  sync  tips.  This  charg- 
ing time  may  be  assumed  to  he  3H 
or  190.5  fisec  (see  Fig.  5).  The 
voltage  E"  on  the  capacitor  at  the 
end  of  the  vertical  sync  pulses  is  the 
voltage  at  the  beginning  plus  the 
amount  the  capacitor  charges  or 
E‘'=  E-l-(Ec-  E)  (1  - e-W^tC) 

The  restoring  level  at  the  end  of  the 
vertical  sync  pulses  L,  expressed  as 
percent  of  sync  down  from  the  sync 
tips  is  then 


-■-Ye 


Change  in  Restoring  Level 

(2)  Examination  of  Eq.  8 shows 
that  the  restoring  level  moves  closer 
to  the  blanking  level  with  a whiter 
picture  (Ka  increasing)  and/or  a 
decrease  in  the  percent  sync  in  the 
input  signal  (K,  decreasing) . 

(3)  Examination  of  Eq.  6 shows 
that  Ki  is  independent  of  C as  long 
as  our  assumption  of  y being  0.05 
or  less  holds.  This  means  that  for 


But  (Ec  — E)  /E,  — L,  the  restor- 
ing level  considering  only  horizontal 
sync  pulses.  We  have  therefore 
L,  = L e-V***^  (11) 

Equation  11  shows  the  change  in 
the  restoring  level  after  the  vertical 
sync  pulses. 

(5)  In  a manner  similar  to  that 
in  which  Eq.  9 was  developed  we 
may  compute  a value  of  the  coupling 
capacitor  C necessary  to  reduce  the 
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change  in  restoring  level  after  the 
vertical  sync  pulses  to  a 5-percent 
change. 

From  Eq.  11,  = 0.95 

or  ^-0.06 

or  Cu.xn  = (12) 

Thus  C"„in  is  the  minimum  value 
of  C necessary  to  eliminate  the  shift 
in  restoring  level  caused  by  the 
vertical  sync  pulses. 

Measured  Values 

To  illustrate  all  of  the  above 
points  the  components  in  an  actual 
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FIG.  9 — Composite  video  signal  at  clip- 
per grid  with  tube  out 

circuit  were  measured  as  21,000 
ohms  for  R^,  C of  0.01  and  Rt  as 
1.5  megohms.  Measurements  were 
made  at  the  sync  clipper  grid  with 
a suitable  oscilloscope  to  measure 
sync  pulse  width  and  percent  sync 
without  excessive  loading  of  the 
grid  resistance  R^.  Since  the  probe 
used  with  the  scope  had  an  input 
impedance  of  5 megohms,  this  is 
taken  into  account  by  using  a value 
of  1.155  megohms  for  Ri,  the  value 
of  a parallel  combination  of  1.5  meg 
with  5 meg. 

Using  an  r-f  monoscope  signal  the 
percent  sync  was  17.5  percent  (K. 
= 0.175)  and  the  average  level 
measured  down  from  the  sync  tips 
was  68  percent  = 0.68)  at  the 
clipper  grid  with  the  tube  removed. 
The  relatively  low  nercentaere  of 
sync  and  the  rounding  of  the  sync 
pulses  as  shown  in  Fig.  6 are  due 
to  a narrow-band  sync  amplifier 
used  for  greater  noise  immunity  in 
the  particular  receiver  on  which 
these  tests  were  made.  This  round- 


FIG.  10 — Composite  video  signal  at 
clipper  grid  showing  restoring  level 


ing  of  the  sync  pulses  makes  it 
more  difficult  to  find  the  correct 
value  for  the  charging  time,  ti,  so 
measurements  of  the  sync  pulse 
width  were  made  at  the  top  of 
pedestal  and  at  50  percent  up 
toward  the  sync  tips  with  results  as 
shown  in  Fig.  6. 


FIG.  11 — Horizontal  sync  pulse  before 
vertical  sync  pulse,  7.4  fi^ec  wide 


With  the  clipper  tube  back  in  the 
socket  the  percent  sync  was  7.1  per- 
cent before  the  vertical  sync  pulses 
and  14.0  percent  after  these  pulses. 
From  these  readings  we  may  find 
the  measured  restoring  levels  in 
percent  down  from  the  sync  tips  as 


FIG.  12 — Horizontal  sync  pulse  after 
vertical  sync,  5.2  fisec  wide 


shown  in  Fig.  7.  The  results  are 
L'  = 64  percent  and  L/  = 23.3 
percent. 

To  calculate  the  restoring  levels 
we  must  know  ti  and  tj.  When  the 
sync  pulses  do  not  have  a fast  rise 
time  a trial  and  error  method  for 
finding  ti  must  be  used.  When  the 
sync  pulses  are  trapezoidal  in  shape 
with  a fast  rise  time  a close  esti- 
mate of  ti  may  be  made;  however 
this  trial  and  error  method  should 
give  more  accurate  results.  Let  us 
first  assume  L = 65  percent.  Then 
interpolating  linearly  from  Fig.  6 
for  ti  between  the  bottom  of  the 
sync  pulse  and  the  50-percent  point 
we  have  ti  = 4.84  [xsec  and  ti  = 
58.66  fxsec. 

Putting  the  values  into  Eq.  6,  Ki 
= 0.1805.  From  Eq.  8,  L = K,K^/ 
K,  = 70.2  percent.  Since  this  does 
not  check  with  our  assumed  value 
of  L we  next  assume  L = 68  percent 
and  find  t,  to  be  4.96  /xsec  and  U = 
58.54;  is  now  0.177  and  L is  68.7 
percent.  The  calculated  value  of  L 
is  between  the  two  values  and  may 
be  assumed  to  be  68.4  percent.  This 
compared  with  the  measured  value 
of  L = 64  percent.  To  find  the  cal- 
culated value  of  from  Eq.  11, 

Lt  = L = 27,5  percent, 

as  compared  with  the  measured 
value  of  23.3  percent. 

Checking  assumptions  of  the 
value  of  X and  y, 

X = = 0.0051  and  y = U/{JRiC) 

= 0.0236. 

Since  x is  less  than  0.1  and  y is 
less  than  0.05  the  assumptions  are 
verified. 

Coupling  Capacitor 

Using  Eq.  9,  we  may  find  for 
particular  values  of  R^  and  R^  the 
value  of  capacitance  above  which 
any  increase  in  capacitance  has  no 
effect  on  the  restoring  level  when 
the  vertical  sync  pulses  are  neg- 
lected. This  value  is 

C'min  = 20<i/ii;2  = 0.0047  Mf. 

The  larger  the  value  of  C,  the 
less  will  be  the  change  in  restoring 
level  due  to  the  vertical  sync  pulses. 
To  compute  this  necessary  value 
of  C to  reduce  this  restoring  level 


PULSES 


437 


change  to  6 percent  from  Eq.  12, 
C'„in  = 2Qfi/Ri  = 0.181  nf. 

Figure  8 shows  the  effect  of  vari- 
ous values  of  the  coupling  capacitor 
on  the  restoring  level  change  during 
the  vertical  sync  pulses.  These 
curves  were  found  using  Eq.  11 
with  Rs  of  21,000  ohms. 

As  a further  check,  measure- 
ments were  made  on  WCBS  with  a 
test  pattern.  The  results  of  this 
and  the.  above  work  are  shown 
in  Table  I.  The  calculated  and 
measured  values  of  the  restoring 
levels  check  Well  within  the  ac- 
curacy of  the  measurements. 

Shown  in  Fig.  9 and  10  are  photo- 
graphs of  the  composite  signal  at 
the  sync  clipper  grid  with  the  tube 
out  and  with  it  in.  This  illustrates 


Table  I — Calculated  and  Meas- 
ured Values 


With  6AGS  Clipper  Out 

WCBS 

Monoscope 

Percent  ayno — K, 

24% 

17.5% 

Average  level  from 

66% 

68% 

sync  tips — Ka 
'^dth  of  hor.  sync 

6.74  iMo 

6.28  Msec 

pulse  at  bottom 
Width  of  hor.  sync 

4.34  «iaec 

4.22  /isec 

pulse  at  50%  point 

With  Tube  in  Socket 
Percent  sync  at  clipper 

12% 

7.1% 

grid  before  vertical 
sync  pulse 

Percent  sync  at  clipper 

20.6% 

14.0% 

grid  edter  vertical 
sync  pulse 

Measured  Restoring  Levels 

Before  vertical — L'  56.8% 

64  % 

1 After  vertical — L\ 

18.0% 

23.3% 

Calculated  Restoring  Levds 

Before  vertical — L 53  % 

68.4% 

After  vertical — L% 

21.4% 

27.5% 

the  restoring  level  variations  with 
C = 0.01  {xf.  The  photographs  of 
Fig.  11  and  12  show  the  horizontal 
sync  pulses  before  and  after  the 
vertical  sync  pulse  respectively 
after  another  stage  of  amplification 
which  has  widened  both  pulses 
slightly. 

The  sync  pulse  before  the  vertical 
sync  pulse  is  27.7  percent  wider 
than  the  one  after  this  pulse;  this 
may  cause  some  trouble  in  the  afc 
circuit  for  the  horizontal  sweep. 
Figure  8 shows  that  in  order  to 
eliminate  this  effect  the  coupling 
capacitor  should  be  at  least  0.1  fif 
when  Ri  = 1.155  meg  and  R2  — 
21,000  even  though  the  noise  im- 
munity may  suffer  somewhat. 

The  writer  thanks  Bernard  Amos 
for  his  comments  and  encourage- 
ment in  the  writing  of  this  article. 


Improved  Vertical  Synchronizing  System 

Positive  interlace,  freedom  from  line  pairing  and  increased  noise  immunity  without 
critical  adjustments  result  from  use  of  large-amplitude  steep-fronted  pulses  for  vertical 
synchronization.  The  pulses  are  derived  from  a simple  circuit  containing  a germanium 

diode  and  a single  triode 


The  relatively  poor  perform- 
ance of  vertical  sync  circuits  is 
indicated  by  the  difficulty  often  en- 
countered in  obtaining  accurate  and 
stable  interlace  free  of  drift,  line 
pairing  and  the  necessity  for  fre- 
quent and  critical  adjustment  of 
television  receivers. 

With  a few  exceptions,  present 
vertical  sync  circuits  are  essentially 
unchanged  from  those  used  in  re- 
ceivers of  prewar  vintage.  Many 
of  the  shortcomings  of  these  sys- 
tems come  about  as  a result  of  the 
method  used  for  segregation  of  the 
vertical  sync  pulses  from  the  com- 
posite sync  signal.  Almost  without 
exception,  this  is  performed  by  re- 
sistance-capacitance integration  or 
equivalent  means. 

Integration  with  a resistance- 
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capacitance  network  having  a time 
constant  suitable  for  complete 
elimination  of  the  horizontal  pulses 
produces  a slowly  rising  serrated 
wavefront  which  reaches  its  maxi- 
mum amplitude  in  approximately 
190  microseconds.  Because,  with 
sync  pulses  of  this  shape,  the  trig- 
gering point  of  the  vertical  deflec- 
tion oscillator  is  not  positively  de- 
termined with  respect  to  time,  stable 
and  carefully  controlled  operating 
conditions  of  the  latter  are  re- 
quired if  accurate  interlacing  is  to 
be  maintained. 

Improred  Rise  Time 

A material  improvement  in  both 
vertical  sync  stability  and  interlace 
performance  would  result  were  the 
triggering  pulses  steep-fronted  and 


of  fairly  large  amplitude.  More- 
over, if  a circuit  responsive  only 
to  pulses  of  greater  than  a certain 
duration  were  placed  between  the 
sync  clipper  and  the  vertical  deflec- 
tion circuits,  both  horizontal  pulses 
and  short-duration  noise  pulses 
occurring  during  the  field  scanning 
interval  would  be  rejected  and  the 
noise  immunity  of  the  entire  sys- 
tem improved. 

The  circuit  to  be  described  per- 
forms the  functions  of  , pulse 
segregation,  amplification,  limiting, 
and  sharpening,  to  yield  a series 
of  large-amplitude,  steep-fronted 
pulses  in  rigidly  controlled  phase 
relationship  to  the  transmitted  ver- 
tical sync  signal. 

Theory  of  Operation 

Figure  1 shows  a block  diagram 
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of  the  improved  sjmc  system,  while 
Fig.  2 indicates  the  significant 
waveforms  drawn  against  a relative 
time  scale. 

Part  A of  Fig.  2 is  a section  of 
the  standard  sync  signal  at  a time 
corresponding  to  the  end  of  one 
interlaced  field,  and  shows  the  last 
two  horizontal  sync  pulses,  twelve 
equalizing  pulses  and  six  vertical 
sync  pulses.  The  approximate  dura- 
tions of  these  pulses  are  5 /tsec, 
2.5  fisec  and  27  ju,sec  respectively. 

The  mixed  line,  equalizing,  and 
field  sync  pulses  are  applied  in  posi- 
tive polarity  to  a resistance-capaci- 
tance differentiating  network  hav- 
ing a carefully  chosen  time  con- 
stant. The  network  passes  with 
negligible  attenuation  the  leading 
and  trailing  edges  of  all  pulses. 
Charge  storage  in  the  capacitor 
during  the  pulse  interval,  however, 
introduces  an  appreciable  droop  in 
the  fiat  top  of  each  pulse,  and  causes 
the  trailing  edge  to  undershoot  the 
pulse  base  line.  It  can  be  shown 
that  the  amplitude  of  the  under- 
shoot is  a function  of  both  the 
width  of  the  applied  pulse  and  the 
time  constant  of  the  network. 

For  a single-stage  resistance- 
capacitance  network,  the  amplitude 
of  the  undershoot  may  be  expressed 
by: 

where  E = amplitude  of  pulse 
undershoot,  V = amplitude  of  ap- 
plied pulse,  t = width  of  applied 
pulse  in  jusec,  RC  = time  constant 
of  network  in  ohms-)u.f,  and  s = 
2.71828,  the  base  of  natural 
logarithms. 

For  a cascaded  network  contain- 
ing n identical  stages, 

[V  "j  to  a dose 
7“«(n‘+I)  approxi- 
^ j mation 

The  equations  relate  the  ampli- 
tude of  the  pulse  undershoot  to 
that  of  the  applied  pulse,  and  are 
strictly  valid  only  where  the  net- 
work is  driven  from  a zero-imped- 
ance generator,  and  is  terminated 
by  an  infinite  impedance. 

In  a practical  case,  the  source 


and  terminating  impedances  may 
vary  over  wide  limits.  Use  of  a 
cascaded  multistage  network  re- 
duces the  effect  of  variations  in  the 
former  by  making  the  output  wave- 
form less  dependent  upon  the  char- 
acteristics of  the  generator. 

The  composite  sync  signal  is 
passed  through  a two-stage  resist- 
ance-capacitance network,  each 
stage  of  which,  neglecting  the  term- 
inating impedances,  has  a time  con- 
stant equal  to  the  width  of  one 
vertical  sync  pulse  or  27  {xsec. 

The  effective  constants  of  the 
network  are  then  such  that  the 
undershoot  amplitudes  become 


Eo  = (y  - 0.1367)  = 0.8647  for  the 
27-fteeo  vertical  pulses,  and 

Eo=iV-  0.7057)  = 0.2957  for  the 
5-ijeec  horizontal  pulses 

where  F,  is  the  amplitude  of  the 
undershoot  developed  across  the 
final  resistive  element.  For  con- 
venience in  terminology,  these 
undershoots  may  be  called  inverse 
pulses. 

The  ratio  of  amplitudes  of  the 
inverse  vertical  to  inverse  horizon- 
tal pulses  is  approximately  2.9  to  1. 
For  equalizing  pulses  and  noise 
pulses  of  duration  shorter  than  5 
/tsec,  this  amplitude  ratio  is  in- 
creased. 


FIG.  1 — ^Block  diagram  of  system  for  producing  steep-fronted  pulses 


I^IZ  SYNC  PULSES  EQUALIZING  PULSES  VERTICAL  SYNC  PULSES  EQUALIZING  PULSES 


(C)  AFTER  AMPLITUDE  SELECTION  r 


FINAL  vertical  SYNC  SIGNAL 


FIC.  2 — Waveforms  of  composite  sync  input  and  changes  produced  by  the  system 


PULSES 


439 


Amplitude  Selector 

The  output  of  the  resistance-ca- 
pacitance network  consists  of  posi- 
tive-going high-frequency  com- 
ponents of  the  applied  sync  signal, 
together  with  the  inverse  vertical, 
inverse  equalizing,  and  inverse  hor- 
izontal pulses  in  the  opposite  polar- 
ity. This  waveform,  shown  in 
Figure  2B,  is  applied  to  the  cathode 
of  a biased  diode  amplitude  selector. 

The  cathode  of  the  amplitude 
selector  diode  is  maintained  at  a 
fixed  positive  potential  with  respect 
to  its  anode,  and  is  nonconductive 
both  for  positive-going  input  sig- 
nals and  for  negative  signals  of 
small  amplitude.  The  positive 
cathode  bias  is  adjusted  to  be  some- 
what greater  than  the  peak  ampli- 
tude of  the  inverse  horizontal 
pulses.  The  latter,  together  with 
the  inverse  equalizing  pulses  and 
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FIG.  3 — Complete  circuit  contains  a 
crystal  diode  and  triode  tube 


any  short-duration  noise  pulses,  are 
therefore  rejected  by  the  diode. 

During  the  vertical  sync  pulse 
interval,  the  higher  amplitude  in- 
verse vertical  pulses  developed  by 
the  network  drive  the  diode  into 
conduction.  As  shown  in  Fig.  2C, 
a series  of  six  steep-fronted  nega- 
tive pulses  occurring  in  time  coin- 
cidence with  the  trailing  edges  of 
the  applied  vertical  sync  pulses  ap- 
pear at  the  anode  of  the  amplitude 
selector  diode.  These  have  dura- 
tions approximately  equal  to  the 
width  of  the  serrations  in  the  verti- 
cal sync  block,  4.7  fisec,  and  a recur- 
rence rate  of  31,500  pps,  twice  the 
line  scanning  frequency. 

Pulse-Width  Gate 

From  the  above  discussion,  it  is 


apparent  that  the  combination  of 
the  R-C  network  and  amplitude  se- 
lector function  as  a pulse-width 
actuated  gate,  developing  pulses  at 
its  output  only  when  the  input 
pulse  duration  exceeds  a certain 
fixed  value.  Particularly  effective 
pulse-width  discrimination  is  ob- 
tained if  the  applied  pulses  are 


squared  and  amplitude  stabilized, 
as  is  generally  the  case  in  a prac- 
tical receiver  application. 

The  negative-going  inverse  ver- 
tical pulses  at  the  anode  of  the 
diode  are  applied  to  the  input  of  a 
triode  pulse  amplifier,  the  operat- 
ing conditions  of  which  are  such 
that  pulse  limiting  and  sharpening 
takes  place.  Because  the  grid  is 
returned  through  a high  resistance 
to  the  plate  supply,  it  assumes  a 
very  slightly  positive  potential  with 
respect  to  the  grounded  cathode. 
This  assures  conduction  of  the  tube 
in  the  absence  of  signal. 

With  the  grid  slightly  above 
ground,  a very  effective  clamping 
action  takes  place  at  the  input  of 
the  pulse  amplifier.  The  grid  is 
prevented  from  being  driven  more 
positive,  thus  assisting  materially 
in  rejecting  any  positive-going 
high-frequency  sync  pulse  com- 
ponents which  may  leak  through 
the  amplitude  selector.  At  the 
same  time,  the  d-c  axis  of  the  pulse 
is  restored  and  held  rigidly  near 
ground  potential. 

Since  the  peak  amplitude  of  the 
inverse  vertical  pulses  applied  to 


the  pulse  amplifier  is  more  than 
sufficient  to  drive  the  grid  to  cutoff, 
the  final  inverted  output  pulses  at 
the  plate  are  squared  and  sharply 
clipped  at  the  same  level.  The  tube 
therefore  acts  as  a limiter  in  both 
positive  and  negative  directions. 

The  pulse  train  of  Fig.  2D  be- 
comes the  final  vertical  synchroniz- 


ing signal,  the  amplitude  of  which 
may  be  made  as  large  as  desired, 
and  the  rise  time  of  which  is 
limited  only  by  the  bandwidth  of 
the  preceding  video  amplifiers  and 
sync  auxiliaries  of  the  receiver. 

Circuit  Details 

Figure  3 shows  the  complete 
schematic  diagram  of  the  system. 
Capacitors  Ci  and  C*,  together  with 
resistors  Ri,  Rs  and  Ra  comprise  the 
two-stage  differentiating  network. 
The  values  of  these  components  are 
such  that  each  stage  of  the  network 
has  the  required  27-/isec  time  con- 
stant. Resistors  Ra  and  Ra  also 
serve  as  a voltage  divider  across 
the  B supply,  and  maintain  the 
cathode  of  the  amplitude  selector 
diode  at  a suitable  positive  poten- 
tial. 

The  amplitude  selector  is  a type 
1N54  germanium  diode.  This  type 
is  characterized  by  high  forward 
conductance  together  with  unusu- 
ally high  resistance  in  the  reverse 
direction,  that  is,  with  the  cathode 
positive.  Materially  improved  oper- 
ation of  the  circuit  is  obtained  with 
a germanium  diode  in  this  position. 


Table  I — Operating  Characteristics 


Input  Pulses 

Output  Pulses 

Amplitude 

40  V,  peak 

55  V,  peak 

Polarity 

positive 

positive 

Rise  time 

0.8  /isec 

0.9  /isec 

Decay  time 

0.7  /isec 

1.1  fiaec 

Pulse  width 

27  and  5 /tsec 

4.8  /isec 

Pulse  flatness 

better  than  2% 

Keying  frequency 

60  cps 

Repetition  freqpiency 

31,500  pps 

31,500  pps 

Number  of  pulses 

6 

Threshold  level 

17.5  peak  sync  input 

Int^erence  components 

1.5  V,  p-p,  approx 

on  pulse  beuseline 
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since  the  extremely  low  interelec- 
trode capacitance  of  greatly 

reduces  feed-through  of  undesired 
high-frequency  components  existing 
at  the  output  of  the  differentiator. 
In  addition,  the  increased  conduct- 
ance afforded  by  the  germanium 
diode  provides  a substantially 
higher  pulse  amplitude  across  the 
relatively  low  grid-cathode  imped- 
ance of  the  pulse  amplifier.  This 
improves  the  limiting  action  of  the 
latter  at  low  signal  levels. 

The  circuit  constants  have  been 
selected  for  a supply  voltage  of  +135 
volts,  and  an  input  pulse  peak  amp- 
litude of  40  volts.  Inasmuch  as  re- 
sistors Ra  and  Ra  provide  a positive 
bias  of  15  volts  at  the  cathode  of 
the  amplitude  selector  diode,  the 
circuit  as  a whole  has  a threshold 
of  operation  somewhat  above  this 
level  of  input  sync  pulse.  Since  up- 
ward of  30  volts  are  generally  avail- 
able at  the  output  of  the  final  sync 
amplifier,  this  threshold  lies  con- 
siderably below  the  video  level  at 
which  a picture  having  satisfactory 
contrast  is  obtained, 

Triode  Vi  operates  as  a pulse 
limiter  and  sharpener,  with  a volt- 
age gain  of  slightly  over  five  times. 
The  relatively  low  plate  load  re- 
sistance, 5,600  ohms,  affords  ade- 
quate amplifier  response  to  pulses 
having  rise  times  as  short  as  one 
microsecond. 

Although  a substantial  improve- 
ment in  pulse  rise  time  could  have 
been  effected  by  inductive  peaking 
in  the  plate  circuit,  this  was  not 
considered  sufficiently  advantage- 
ous to  warrant  the  additional  cir- 
cuit complication. 

Connection  to  Oscf7/ertor 

Figure  4 is  the  schematic  dia- 
gram of  a typical  vertical  deflection 
circuit  of  the  blocking-oscillator 
type,  together  with  the  vertical 
pulse  separator  system  described. 
The  preferred  method  of  connection 
between  the  two  is  shown.  The 
secondary  of  the  blocking  oscillator 
transformer  Ti  is  effectively  a part 
of  the  plate  load  of  Vi,  and  acts  to 
further  shape  the  sync  pulses  as 
well  as  to  retain  their  sharp  lead- 
ing edges. 


Because  the  plate  resistance  of 
Vi  in  parallel  with  its  load  resist- 
ance represents  an  effective  imped- 
ance of  only  a few  thousand  ohms 
in  series  with  the  a-c  grid  return  of 
the  oscillator,  including  the  pulse 
amplifier  as  a portion  of  the  oscil- 
lator circuit  in  no  way  affects 
normal  operation  of  the  latter.  In- 
jection of  sync  in  this  manner 


offers  the  further  advantage  of  ex- 
treme simplicity. 

Sync  Amplitude 

The  peak  amplitude  of  vertical 
sync  pulse  developed  at  the  plate  of 
Vi  depends  upon  the  effective  sup- 
ply voltage  at  the  junction  of  Rs  and 
Re.  Although  a maximum  of  55 
volts  of  sync  is  available  if  Re  were 
omitted,  it  may  in  some  cases  be 
found  that  more  satisfactory  opera- 
tion of  the  blocking  oscillator  itself 
will  be  obtained  with  peak  sync 
amplitudes  of  10  or  15  volts. 

The  network  consisting  of  Ca  and 
Re  provides  a means  of  adjusting 
the  output  pulse  amplitude  without 
affecting  the  pulse  rise  time;  Re 
and  Cs  also  supply  a measure  of 
decoupling  at  the  plate  of  the  pulse 
amplifier.  The  time  constant  of 
this  network  should  be  long  with 
respect  to  the  field  repetition 


period,  and  in  general  should  be  not 
less  than  0.05  second. 

With  component  values  indicated 
in  Fig.  4,  the  pulse  amplifier  oper- 
ates at  a quiescent  plate  voltage  of 
35  volts  and  a plate  current  of  2.9 
ma.  Under  these  conditions,  the 
tube  develops  between  12  and  15 
volts  of  sync  pulse  across  the  plate 
load,  and  requires  but  4 volts  of 


negative  swing  at  the  grid  for  com- 
plete limiting. 

Pulse  segregation  with  a system 
of  this  type  has  several  additional 
advantages.  Vertical  synchronizing 
with  pulses  whose  leading  edges 
have  a large  time  rate  of  change 
greatly  minimizes  interlace  insta- 
bility and  eliminates  the  necessity 
for  critical  adjustment  of  the  verti- 
cal oscillator  frequency  during  and 
after  warmup.  The  resulting  ac- 
curacy of  sjrnchronizing  is  not 
nearly  so  dependent  upon  maintain- 
ing a constant  amplitude  of  applied 
sync  pulses  as  is  that  obtained  with 
the  usual  R-C  integrator  system. 
This  is  because  the  shape  of  the 
final  triggering  pulse  is  completely 
independent  of  the  input  pulse 
amplitude  over  a very  wide  range. 
Rigid  control  of  the  latter  is  not  so 
essential. 

Integrator  sync  systems  require 
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that  conditions  before  and  after 
transmission  of  the  broad-topped 
vertical  sync  pulses  in  the  com- 
posite sync  signal  be  identical  for 
odd  and  even  line  fields.  This  neces- 
sitates the  insertion  of  two  groups 
of  six  equalizing  pulses.  Because 
the  method  of  pulse  segregation 
described  does  not  depend  upon 
integration,  the  equalizing  pulses 
are  unnecessary.  This  suggests 
that  a degree  of  simplification  could 
be  effected  in  the  composite  sync 
signal. 

An  improvement  in  noise  immun- 
ity in  the  vertical  sync  circuit  may 
be  realized,  because  short-duration 
noise  pulses  which  occur  during  the 
field  scanning  interval  will  affect 
the  circuit  in  exactly  the  same  man- 
ner as  normal  horizontal  sync 
pulses  and  will  be  rejected  by  the 
amplitude  selector.  Such  noise  re- 
jection increases  the  vertical  sync 
stability  of  the  receiver  under  ad- 
verse noise  conditions,  and  virtu- 
ally eliminates  frame  splitting  and 
picture  roll. 

Operating  Data 

The  major  electrical  operating 
characteristics  of  the  circuit  are 
shown  in  Table  I.  Figure  5 shows 
scale  waveform  tracings  taken  at 


significant  points  throughout  the 
system.  These  were  obtained  di- 
rectly from  a Tektronix  model 
511-A  wide-band  oscilloscope.  To 
permit  more  accurate  measure- 
ments, resistor  Rt  of  Fig.  4 was 
temporarily  shorted  out,  allowing 
maximum  amplitude  of  output 
pulse  to  be  developed. 

All  data  are  taken  with  a simu- 
lated sync  signal  consisting  of 
keyed  27-/xsec  and  5-fisec  pulse 


trains.  The  pulse  repetition  fre- 
quency and  keying  frequency  are 
31,500  pps  and  60  cps  respectively. 

Measurements  were  made  with  a 
plate  supply  voltage  of  135  volts 
and  the  total  current  was  10.7  ma 
with  Re  removed. 

The  author  acknowledges  with 
thanks  the  valuable  assistance  of 
M.  C.  Pease  of  Sylvania  Electric 
Products  Inc.  in  the  preparation  of 
this  paper. 


Pulse-Width  Discriminator 


Designed  specifically  for  use  as  a channel  decoder  in  a multiplex  communications 
system,  this  discriminator  handles  input  pulses  20  to  100  microseconds  wide.  Also 
useful  for  measuring  width  of  rectangular  and  other  waveforms 


By  A.  A.  GERLACH  AND  D.  S.  SCHOVER 


A MAJOR  PROBLEM  exists  in  the 
.method  of  multiplexing  or  mix- 
ing information  channels  together 
at  the  sending  end  of  a telemetering 
system  and  identifying  these  chan- 
nels at  the  receiving  end,  whether 
the  transmission  of  information  is 
accomplished  by  wire  or  radio  link. 


This  work  was  performed  under  contract 
with  the  United  States  Department  of  the 
Air  Force. 


Many  methods  are  now  employed 
successfully  in  telemetering  sys- 
tems of  varying  complexity  and 
factors  involved  in  the  choice  of  a 
particular  mode  of  multiplexing  are 
usually  dictated  by  the  nature  of 
the  intelligence  to  be  transmitted 
and  the  degree  of  equipment  com- 
plexity that  is  to  be  tolerated. 

Multiplexing  Methods 
One  widely  used  method  is  the 


subcarrier  system  where  a separate 
carrier  signal,  usually  in  the  super- 
sonic or  low  r-f  range  of  frequen- 
cies, is  assigned  to  each  informa- 
tion channel.  The  channel  informa- 
tion is  superimposed  on  the  carrier 
signal  by  amplitude  or  frequency 
modulation  and  all  carrier  signals 
are  transmitted  through  a common 
transmission  medium  to  the  receiv- 
ing station  where  the  individual 
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channels  are  separated  by  means  of 
selective  band-pass  filters. 

Many  systems  of  pulse-coding 
multiplexing  have  been  used  to  good 
advantage  such  as  pulse-sequence 
coding.  Here  the  intelligence  of 
each  channel  is  embodied  in  the 
amplitude  or  width  of  alpulse  and 
the  channel  is  identified  with  the 
time  position  of  the  pulse.  This  is 
an  electronic  elaboration  of  the 
simple  mechanical  commutation 
method  which  is  still  in  use. 

The  pulse-width  discriminator  to 
be  described  is  employed  in  still 
another  pulse-coding  method  of 
multiplexing  which  utilizes  pulse 
width  as  a mode  of  channel  identi- 
fication. The  telemetering  system 
for  which  the  equipment  was  de- 


FIG.  1 — Block  diagram  of  three-channel 
telemetering  system  using  pulse-width 
channel  coding 


veloped  required  that  three  chan- 
nels of  information  be  relayed  by 
a vhf  radio  link  and  that  all  three 
channels  contain  information  which 
originally  appeared  as  pulses.  The 
desired  information  would  be  the 
pulse  frequency.  Since  the  pulse- 
repetition  rate  of  each  channel  was 
an  independent  function,  pulse-posi- 
tion coding  methods  were  ruled  out 
and  a pulse-width  coding  system 
was  used.  A block  diagram  of  the 
system  is  shown  in  Fig.  1. 

The  function  of  the  pulse-width 
discriminator  in  the  system  is  to 
separate  the  information  channel 
for  which  the  discriminator  is  set 


from  all  other  signals  appearing  at 
its  input.  Therefore,  the  output 
from  each  pulse-width  discrimi- 
nator is  one  channel  of  information. 
Requirements  of  the  pulse-width 
discriminator  are  to  respond  to  and 
reproduce  a pulse  for  every  input 
pulse  of  a predetermined  width  and 
to  be  unresponsive  to  pulses  of  all 
other  widths.  The  equipment  has 
been  designed  to  perform  properly 
under  conditions  of  rather  severe 
random  noise  as  might  be  experi- 
enced in  the  output  of  a high-gain 
receiver. 

Circuit  Operation 

Referring  to  Fig.  2 the  input  sig- 
nals (1)  are  fed  to  a slicer  which 
separates  the  spurious  variations 
such  as  receiver  noise  from  the  in- 
telligence signals.  The  output 
pulses  of  the  slicer  (2)  have  various 
widths  corresponding  to  the  inform- 
ation channels  transmitted.  This 
output  is  fed  to  two  different  cir- 
cuits, one  with  a differentiator  in- 
put stage  and  the  other  with  an  in- 
verter-clipper input  stage.  The  posi- 
tive output  of  the  differentiator  (4) 
is  used  to  trigger  a one-shot  multi- 
vibrator which  provides  a gating 
pulse  of  predetermined  width  (9)  to 
the  coincidence  tube.  This  gating 
pulse  is  delayed  for  a period  of  time 
after  the  start  of  the  input  pulse 
equal  to  the  width  of  the  input 
pulse. 

The  output  of  the  slicer  is  also 
inverted  (3),  differentiated  (5)  and 
used  to  initiate  a delay  multivibra- 
tor whose  width  is  a controllable 


parameter  of  the  discriminator  unit. 
The  output  of  this  multivibrator 
(6)  is  differentiated  and  appears  as 
a negative  pip  (7)  at  the  trailing 
edge  of  the  delay  multivibrator  used 
to  trigger  a second  gate  multi- 
vibrator. 

The  output  from  the  second  gate 
multivibrator  (8)  is  delayed  for  a 
period  of  time  after  the  start  of  the 
input  pulse  equal  to  the  width  of 
the  delay  multivibrator  pulse.  Out- 
puts of  the  two  gate  multivibrators 
(8)  and  (9)  are  fed  to  a coincidence 
tube  which  conducts  only  during 
the  coincidence  time  of  the  two  gate 
pulses.  The  coincidence  tube  will 
therefore  trigger  the  output  multi- 
vibrator only  for  a given  input 
pulse  width  and  this  width  is  a con- 
trollable adjustment  of  the  dis- 
discriminator  unit. 

Figure  3 illustrates  the  sequence 
of  operations  on  the  input  intelli- 
gence shown  in  proper  time  orient- 
ation. The  various  numbered  wave- 
forms are  related  to  the  number 
points  in  the  block  diagram.  Fig. 
2.  Three  different  pulse  inputs  are 
shown — one  to  which  the  discrimi- 
nator is  set  to  respond,  one  shorter 
and  one  longer  than  the  properly 
selected  pulse  width.  Waveforms 
8 and  9 of  Fig.  3 illustrate  the 
proper  and  improper  gating  condi- 
tions for  coincidence. 

Circuit  Details 

The  details  of  the  circuitry  in- 
volved in  accomplishing  the  desired 
objectives  are  illustrated  in  Fig.  4. 
Slicing  of  the  input  signals  is  ob- 


FIG.  2 — Block  diagram  oi  pulse-width  discriminator  showing  waveforms  at 

successive  stages 
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tained  by  biasing  the  grid  of  the 
first  half  of. a 12AX7,  V^,  about  14v 
below  cutoff.  This  allows  for  slicing 
of  the  center  three  volts  out  of  a 
30-v  input;  the  rectifier  action  of 
the  tube  suppresses  the  top  half  of 
the  pulse.  For  other  input  voltages 
the  bias  may  also  be  adjusted  to 
allow  selection  of  the  center  three 
volts  of  the  input  pulse.  The  posi- 
tive input  pulses  appear  at  the  plate 
of  Via  inverted  and  cleaned  of  any 
receiver  noise. 

The  inverted  pulses  are  fed 
simultaneously  to  the  grid  of  Fia, 
inverted  again  and  then  differen- 
tiated by  the  50-ju,ju,f  capacitor  and 
51,000-ohm  resistor.  The  resulting 
positive  pip  triggers  the  gate  multi- 
vibrator consisting  of  both  halves 
of  7e. 

The  output  at  the  plate  of  7ib  is 
differentiated  by  the  R-C  network 
and  the  positive  pip  triggers  the 
delay  multivibrator  consisting  of 
both  halves  of  Ve.  The  negative  pip 
at  the  grid  of  V^a  is  suppressed  by 
a germanium  crystal  so  as  not  to 
influence  the  width  of  the  delay 
multivibrator  pulse.  The  width  of 
this  delay  pulse  is  controlled  by  an 


adjustment  of  the  grid  resistor  of 
7ej»  which  determines  the  time  con- 
stant of  the  multivibrator. 

The  output  of  7bb  is  again  dif- 
ferentiated through  an  R-C  net- 
work and  this  time  the  resulting 
negative  pip  is  fed  to  the  plate  of 
V3A  to  trigger  the  gate  multivibrator 
consisting  of  both  sections  of  7*. 


ply  and  a 6.3-v  filament  supply.  The 
positive  150-v  supply  drain  is  48 
ma  and  the  negative  supply  drain 
is  7 ma.  The  filament  current  is 
1.7  amp. 

The  circuit  illustrated  in  Fig.  4 
has  been  constructed  and  tested 
with  both  a direct  video  input  and  a 
modulated  r-f  signal  which  was  de- 
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The  positive  pip  at  this  point  is 
suppressed  by  the  germanium  crys- 
tal connected  between  the  plates  of 
ViB  and  7ax.  The  width  of  this  gate 
pulse  is  internally  controllable  in 
order  to  provide  a sensitivity  con- 
trol for  the  discriminator. 

The  coincidence  tube,  V^,  is  a 
pentagrid  converter  with  inputs  at 
the  first  and  third  grids.  The  first 
grid  is  biased  at  about  23v  negative 
and  the  third  grid  is  biased  at  about 
56v  negative.  Either  bias  alone  is 
suflScient  to  cut  the  tube  off  but 
when  the  outputs  of  the  two  gate 
multivibrators  occur  simultaneously 
at  the  grids  of  Vt  the  tube  conducts, 
supplying  a trigger  impulse  to  the 
output  multivibrator  consisting  of 
both  sections  of  7#.  A neon  lamp  is 
incorporated  in  the  output  circuit 
to  indicate  when  coincidence  at  7« 
is  achieved. 

The  power-supply  requirements 
for  the  discriminator  consist  of  a 
positive  and  a negative  150-v  sup- 


tected  by  a receiver  and  fed  to  the 
pulse-width  discriminator.  In  either 
case  the  circuit  performed  very 
satisfactorily  and  exhibited  excel- 
lent stability  over  a prolonged 
period  of  operation. 

In  the  circuit  shown,  the  delay 
multivibrator  is  adjustable  in  width 
over  a range  of  from  20  to  100  /isec 
by  a calibrated  front-panel  adjust- 
ment. The  width  of  the  gating 
pulses  may  be  varied  by  an  internal 
adjustment  over  a range  of  from 
2 to  12  [xsec.  For  a 3-channel  multi- 
plexing system  employing  pulse 
widths  of  30,  60,  and  90  /xsec  it  was 
found  that  a sensitivity  range  of 
± five  fisec  was  very  satisfactory. 
This  allows  for  instabilities  due  to 
slight  pulse-width  and  pulse-ampli- 
tude variations  and  yet  provides 
ample  guard  bands  between  chan- 
nels. 

The  pulse-width  discriminators 
were  constructed  as  small  compact 
plug-in  units  which  may  be  removed 
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and  replaced  in  a minimum  of  time. 
Miniature  tubes  are  employed 
throughout  as  well  as  turret-type 
sockets  to  make  the  units  light  and 
compact. 

Conclusions 

The  pulse-width  discriminator  de- 
scribed exhibits  both  a high  degree 
of  stability  and  simplicity  of  opera- 
ton.  It  has  the  ability  to  discrimi- 
nate the  intelligence  pulses  from 
the  random  noise  background  oc- 


curring in  high-gain  receivers.  Al- 
though the  unit  was  designed  to 
handle  pulses  in  the  range  of  20  to 
100  fjLsec  wide,  modification  of  the 
network  components  will  allow  the 
range  to  be  extended. 

The  units  discussed  were  in- 
tended for  intelligence  channel  de- 
coders in  a multiplex  communica- 
tion system ; however,  their  use  may 
be  extended  to  the  field  of  instru- 
mentation and  measurement.  The 
unit  has  been  used  to  measure  the 


width  of  rectangular  pulses,  and, 
due  to  the  clipping  action  of  the 
input  circuit,  it  may  be  employed 
to  measure  the  pulse  width  of  other 
waveforms.  This  circuit  has,  in 
general,  turned  out  to  be  a very  use- 
ful addition  to  the  laboratory  pulse 
equipment  used  by  the  authors.  For 
this  measurement  application  it  is 
recommended  that  a more  accurate 
vernier-type  control  be  employed  in 
place  of  the  simple  dial  arrange- 
ment shown. 


Low-Frequency  Generator 

By  W.  G.  SHEPARD 


The  generation  of  sine  waves  by 
ordinary  electronic  means  becomes 
increasingly  difiicult  as  the  fre- 
quency is  lowered  below  10  cycles. 
The  phase-shift  circuit  is  gener- 
ally used  but  elaborate  care  in  de- 
sign and  construction  is  necessary 
to  achieve  satisfactory  perform- 
ance. Since  a multivibrator  is  a 
more  dependable  low-frequency 
oscillator,  operating  down  to  al- 
most any  slowness,  it  was  decided 
to  use  the  output  wave  of  a multi- 
vibrator and  shape  it  into  essen- 
tially a sine  wave. 

First  a large  square-wave  voltage 
was  generated  by  triggering  an  Elc- 
cles- Jordan  flip-flop  circuit  from 
the  multivibrator,  this  being  easily 
done  because  the  triggering  signal 
can  be  applied  to  both  grids.  By 
incomplete  integration,  essentially 
a triangular  wave  is  obtained. 
Since  this  wave  contains  no  even 
harmonics  and  only  1/9  third  and 
even  less  higher  harmonics, 

Y = 8/ir2  E(coa  x + 1/9  cos  3x 
+ 1/25  cos  5®  . . .), 
a simple  filter  system  will  reduce 
the  harmonics  to  negligible  value. 

Such  a sine-wave  generator  is 
most  easily  constructed  for  a single 
frequency  and  is  not  very  well 
suited  for  continuously  variable 
frequencies  over  a wide  range  be- 
cause of  the  increasing  attenuation 
of  the  filter  as  the  frequency  is 


raised.  However,  it  is  quite  feasible 
to  construct  a unit  covering  a num- 
ber of  fixed  frequencies  selected  by 
means  of  a suitable  switching  ar- 
rangement. 

Figure  1 shows  the  diagram  of 
such  a circuit  as  constructed  for 
calibration  purposes.  Type  6J6 
tubes  are  employed  in  the  multivi- 
brator and  flip-flop  circuits,  the 
multivibrator  receiving  its  plate 
supply  from  a regulated  source  for 
greater  frequency  stability.  Capaci- 
tor Cs  and  Rs  form  the  triangular 
wave  and  Va  is  a cathode  follower 
inserted  to  lower  the  impedance. 


Two  filter  circuits,  CtRt  and  CJia, 
are  so  proportioned  that  the  third 
harmonic  is  attenuated  in  each 
about  three  times  as  much  as  the 
fundamental,  leaving  about  one  or 
two  percent  third  and  practically  no 
higher  harmonics.  For  simplicity 
only  three  switch  positions  are 
shown  in  the  diagram,  but  values 
are  given  in  the  table  for  10  fre- 
quencies. These  are  the  values  ac- 
tually used  and  differ  somewhat 
from  calculated  values.  The  value 
of  Cs  was  chosen  experimentally  to 
give  approximately  the  same  volt- 
age output  for  each  frequency.  The 
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cathode  circuit  of  V*  contains  a con- 
trol allowing  for  further  minor  ad- 
justments in  output  voltage.  The 
output  voltage,  after  being  ampli- 
fied by  the  6AQ5  tube,  is  about  14 
volts  at  the  input  to  the  attenuator. 

Since  the  generator,  as  con- 
structed, is  used  for  calibration 


work,  some  method  was  necessary 
to  make  sure  that  the  output  volt- 
age is  approximately  the  same  for 
each  frequency.  Since  the  fre- 
quency is  too  low  for  the  use  of  a 
meter,  a small  cathode-ray  tube  is 
used  as  an  amplitude  indicator.  The 


vertical  and  horizontal  plates  are 
tied  together  to  increase  the  sensi- 
tivity of  the  tube.  Since  this  causes 
the  spot  to  move  back  and  forth 
diagonally,  the  tube  must  be  ro- 
tated 45  degrees  to  give  a horizon- 
tal spot  movement. 


Sine  and  Square-Wave  Generator  and 

Selective  Amplifier 


By  GEORGE  EUlS  JONES,  JR. 


Based  upon  a half-lattice  R-C  type 
all-pass  filter^’*’*  a wide-range  sine- 
wave  generator  has  been  designed 
and  constructed  which,  in  conjunc- 
tion with  a regenerative  coupled 
cathode  clipper  amplifier^  delivers 
both  a sine  and  a square  wave  of 
about  28-volt  peak-to-peak  ampli- 
tude from  about  three  cps  to  one 
hundred  six  kc. 

The  circuit  is  essentially  that  of 
Villard*  but  modified  to  include 
more  direct  coupling  for  better 
low-frequency  characteristics  and 
cathode-follower  stages  for  im- 
proved isolation  and  low-impedance 
sources  necessary  for  extending  the 
high-frequency  range. 

Six  controls  are  used.  Switch  1 
establishes  the  frequency  range  and 
ganged  rheostats  R,  and  R,  give  a 
fine  control  of  frequency  (a  shaft 
rotation  of  180  degrees  providing  a 
20  to  1 frequency  change).  Poten- 
tiometer Ri  controls  the  amount  of 
feedback  and  the  amplitude  of  the 
generated  sine  wave.  When  this 
control  is  set  so  that  just  insuf- 
ficient feedback  is  available  to  main- 
tain oscillation,  the  circuit  from  at- 
tenuator Ri  to  potentiometer  R*  acts 
as  a sharp  filter,  passing  the  fre- 


quency at  which  oscillation  would 
occur  were  more  feedback  used. 


Typical  calibration  curve  for  generator- 
amplifier  shown  in  circuit  dlogram 


Potentiometer  Rs  controls  the 
output  amplitude  of  the  sine  wave 
and  potentiometer  J?*  similarly  con- 
trols the  square-wave  output 
amplitude. 
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Improved  Pulse  Stretcher 

Duration  of  pulses  is  increased  as  much  as  25  times,  with  output  amplitude  remaining 
proportional  to  input.  Flat-topped  output  is  provided  hy  a delay  line  charged  by  crystal 
rectifiers  driven  by  a cathode  follower.  Sample  design  equations  are  given 


INCREASED  DURATION  of  pulses  in  a 
series  without  change  in  their 
relative  amplitudes  is  often  desir- 
able in  design  of  pulse  circuits. 
Pulse  stretching,  as  distinguished 
from  multivibrator  action,  retains 
information  in  the  relative  ampli- 
tudes of  successive  pulses. 

One  common  method  of  stretch- 
ing pulses  is  shown  in  Fig.  lA. 
For  a positive-pulse  input  at  termi- 
nal 1,  the  rectifier  conducts  only  for 
the  pulse  duration.  The  capacitor 
charges  to  nearly  peak  pulse  voltage 
during  the  pulse  duration  and 
slowly  discharges  through  the  high 
resistance  during  the  interval 
between  pulses. 

In  this  type  of  stretching,  the 
output  pulse  can  never  have  a flat 
top  because  the  stretched  portion  of 
the  pulse  is  fundamentally  the  ex- 
ponential discharge  of  the  R-C  cir- 
cuit. 

The  exponential  nature  of  the 


By  JAMES  F.  CRAIB 

discharge  results  in  a residual  sig- 
nal lasting  much  longer  than  the 
duration  of  the  useful  output.  The 
trailing  end  of  one  pulse  may  over- 
lap the  beginning  of  the  next  pulse 
and  reduce  its  effective  amplitude. 
In  an  extreme  case  this  phenome- 
non is  the  basis  for  power-supply 
filter  operation. 

A new  type  of  stretcher  is  shown 
in  Fig.  IB.  Output  pulses  from  this 
circuit  are  flat-topped  with  ampli- 
tudes proportional  to  input-pulse 
amplitudes.  However,  output-pulse 
duration  may  be  as  much  as  25 
times  the  original  pulse  length. 

Pulse-Stretcher  Circuit 

The  circuit  consists  of  a multi- 
section repetitive  network  of  series 
inductors  and  shunt  capacitors 
forming  a delay  line.  Sections  of 
this  line  are  parallel  charged  by 
crystal  rectifiers  which  permit  an 
incoming  pulse  to  be  applied  to  all 


shunt  capacitors  simultaneously 
and  charge  them  to  nearly  the  am- 
plitude of  the  incoming  pulse.  With 
no  pulse  input,  the  rectifiers  become 
high  resistances  and  the  line  is  left 
with  all  capacitors  charged  equally. 

When  the  line  discharges  through 
a short  circuit  at  its  end,  a nega- 
tive step  of  voltage  (from  line  po- 
tential to  zero)  progresses  down 
the  line  discharging  each  capacitor 
in  turn.  The  output  pulse,  which 
has  been  at  maximum  since  the  line 
was  charged,  is  terminated  when 
the  discharging  action  reaches  the 
open  end  of  the  line. 

Input  and  output  waveforms  are 
shown  superimposed  in  Fig.  1C. 
The  output  pulse  rises  as  rapidly  as 
the  capacitors  are  charged  and 
nearly  as  fast  as  the  input-pulse 
rise  time.  When  the  discharge  step 
reaches  the  open  end  of  the  line,  it 
tends  to  appear  at  double  ampli- 
tude, shown  dotted  in  Fig.  1C. 
However,  the  rectifiers  prevent  a 
negative  excursion  and  the  pulse 
ends  abruptly  at  the  base  line. 

The  end  of  the  pulse  is  more 
rounded  than  the  beginning  be- 
cause of  distortion  of  the  step  wave 
as  it  travels  down  the  line.  This 
distortion  is  usually  permissible 
but  with  less  distortion  a line  would 
have  a wider  passband  and  intro- 
duce less  delay  per  section.  To  ob- 
tain the  same  delay  more  sections 
would  be  required.  The  trailing 
edge  of  the  pulse  may  be  as  round 
as  possible  to  save  size,  weight  and 
cost  of  components. 

Choice  of  Impedance  Levels 

Flatness  of  the  pulse  top  is  af- 
fected by  any  leakage  that  may  dis- 
charge the  capacitors  before  the 


Circuit  for  increasing  pulse  duration  from  1 to  IS  /isec  with 
no  change  in  pulse  amplitude 
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discharge  wave  reaches  them.  Back 
resistance  of  the  crystals  is  one 
source  of  leakage  and  line  imped- 
ance should  be  limited  to  about  one- 
tenth  the  back  resistance  or  about 
10,000  ohms  for  1N43  crystals. 

Another  source  of  leakage  is  the 
output  circuit  fed  by  the  line.  The 
stretcher  is  usually  connected  di- 
rectly to  a vacuum-tube  grid  with- 
out a blocking  capacitor  but  if  such 
a capacitor  is  used,  the  grid  re- 
sistor must  be  as  large  as  possible. 
Low  line  impedance  will  reduce 
relative  leakage  through  the  grid 
resistor  but  will  increase  the  cur- 
rent necessary  to  charge  the  line. 

The  stretcher  is  usually  driven 
by  a cathode  follower  whose  cath- 
ode impedance,  in  series  with  the 
forward  resistance  of  the  rectifiers, 
varies  from  50  to  200  ohms.  The 
time  constant  formed  by  the  cath- 


ode impedance  and  the  parallel  com- 
bination of  line  capacitors  should 
be  short  enough  so  that  the  capaci- 
tors charge  within  the  duration  of 
the  incoming  pulse.  The  driving 
tube  must  be  capable  of  delivering 
the  peak  current  that  will  flow  dur- 
ing the  charging  period. 

These  considerations  are  not  eas- 
ily subject  to  analytical  prediction 
because  cathode  impedance  and 
rectifier  forward  resistance  change 
with  current  during  the  charging 
period.  A good  design  provides  for 
the  necessary  grid  drive  at  the  in- 
stant the  pulse  is  applied  to  the 
grid,  as  the  capacitors  are  then  un- 
charged. Cathode  impedance  may 
then  be  assumed  to  be  some  average 
value  and  the  charging  time  con- 
stant calculated  for  this  value. 

With  stretched-pulse  durations 
of  one  to  twenty  /isec,  it  is  practical 


to  use  a 6J6  cathode  follower  with 
both  halves  in  parallel  and  a line 
impedance  between  5,000  and  20,- 
000  ohms.  To  properly  swing  the 
crystals  between  low  forward  re- 
sistance and  high  back  resistance 
it  is  necessary  to  operate  with  pulse 
amplitudes  of  at  least  two  volts. 
Values  lower  than  this  give 
stretched  pulses  whose  tops  are  not 
flat  because  of  line  discharge  by  the 
crystals. 

Pulses  of  the  order  of  ten  volts 
are  about  the  maximum  that  can  be 
handled  by  a 6J6  cathode  follower 
with  these  circuit  values.  Higher- 
amplitude  pulses  may  have  rise 
times  rapid  enough  to  drive  the 
cathode  follower  into  its  grid-cur- 
rent region.  This  is  permissible 
only  if  a low-impedance  grid  cir- 
cuit or  satisfactory  d-c  restoration 
is  provided. 

Stretching  may  be  increased  by 
operating  several  stages  in  cascade. 
However,  a cathode  follower  is  then 
needed  between  stages  to  provide 
power  gain  and  impedance  match- 
ing. 

Superposition  of  Pulses 

When  a second  pulse,  equal  in 
amplitude  to  the  first  pulse,  is  ap- 
plied to  the  stretcher  before  the 
first  pulse  has  completely  passed 
through  the  circuit,  the  output  am- 
plitude will  remain  constant  dur- 
ing the  total  stretching  interval. 

If  the  second  pulse  is  either 
larger  or  smaller  in  amplitude  than 
the  first,  the  output  amplitude  will 
be  that  of  the  first  pulse  until  the 
second  is  applied  when  it  will 
change  to  the  amplitude  of  the  sec- 
ond and  remain  there  for  the  rest 
of  the  total  stretching  interval. 
These  actions  are  shown  in  Fig.  2. 

Many  designs  for  a circuit  which 
generates  pulses  of  special  shapes 
are  possible  through  the  use  of  un- 
equal charging  voltages  on  succes- 
sive stages  and  by  charging  the  line 
with  a series  of  pulses  of  various 
amplitudes. 

If  the  input  pulse  is  of  constant 
amplitude  and  duration,  series  re- 
sistors may  be  used  to  vary  the 
charging  potential  of  various  sec- 
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FIG.  1 — ^Usual  form  of  R-C  pulse  stretcher  (A),  improved  type  utilizing  a delay  line 
(B)  and  input  and  output  waveforms  for  improved  circuit  (C)  showing  the  sharpening 
of  the  end  of  the  output  pulse  by  rectifier  damping 
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FIG.  2 — Outputs  for  a pair  of  pulses  spaced  by  less  thou  the  stretching  intecraL 
Pulses  of  equal  amplitude  (A),  second  pulse  of  greater  amplitude  than  first  (B)  cmd 
second  piilse  of  less  amplitude  than  first  (C)  are  shown 


tions  of  the  line.  For  varying  pulse 
amplitude  and  duration,  it  is  neces- 
sary to  obtain  rapid  charging  by 
the  use  of  separate  cathode  follow- 
ers. 

When  the  pulse  is  accompanied 
by  a background  of  noise,  the  noise 
pulses  are  stretched  so  that  a con- 
stant d-c  level  is  established.  In 
most  circuits  this  level  is  discarded 
by  coupling  capacitors  so  that  the 
apparent  signal-to-noise  ratio  is 
improved. 

As  the  noise  level  approaches  the 
signal  level  the  signal  may  be  de- 
graded by  short  noise  pulses  whose 
amplitudes  are  nearly  the  same  as 
the  signal.  These  pulses  may  re- 
duce crystal  back  resistance  mo- 
mentarily, permitting  the  capaci- 
tors to  discharge.  As  a result,  the 
signal  is  degraded  into  a sawtooth 
and  becomes  lost  in  noise.  The  sig- 
nal-to-noise ratio  at  small  values  is 
not  improved  by  the  stretcher  and 
may  even  be  reduced  slightly. 

Design  Equtitions 

In  the  design  equations  of  a pulse 
stretcher  the  following  terms  will 
be  used : T„  stretching  interval ; T,, 
input  pulse  duration ; R^,  impedance 
of  a driven  source  (usually  the 
cathode  impedance  of  a cathode  fol- 
lower) ; L,  inductance  per  section 
of  network;  C,  capacitance  per  sec- 
tion of  network;  and  n,  number  of 
sections  of  network. 

The  input  pulse  duration  should 
be  at  least  four  time  constants  to 
insure  adequate  charging  of  the  ca- 
pacitors 

Tp  = Rhn  C 

The  stretching  interval  will  be  the 
delay  of  the  network  or  approxi- 
mately 

r.  = n ^Tc~ 

Solving  these  two  equations  for 
line  constants  gives 

n = 

^ 4niJ* 

T* 

T = 

16  n*  C 

In  practice,  the  number  of  line 


sections  is  determined  by  the  re- 
quired output-pulse  squareness  and 
in  most  cases  about  four  sections 
have  proved  satisfactory.  The  type 
of  driver  determines  the  value  of 
R^.  For  both  halves  of  a high-p„ 
double  triode  such  as  the  6J6  or 
12AT7  the  cathode  impedance 
should  be  about  100  ohms. 

A line  impedance  of  about  10,000 
ohms  is  as  high  as  practical  with 
germanium  crystals.  A practical 
limit  to  the  stretching  ratio  then  is 

T,  ^ n <LC~  ^ ^ 

Tp  4 n C A.Rk 

Z,  _ 10,000 
4/J*  — 4X100  “ 

Circuit  constants  for  a pulse 
stretcher  with  a 1-fisec  input  pulse 
and  15-/isec  output  pulse  with  both 


halves  of  a 6J6  in  parallel  as  driver 
can  be  calculated  as  follows 

Tp  _ 1 X 10-» 

^ AnRt  4X4X100 
626  X 10-“  farads 

T.*  (16  X 10-*)* 

^ 4n»C  4X4?X626  X 10"“  “ 

6.6  X 10“*  henrys 

In  this  case,  rounding  of  the  trail- 
ing edge  that  accompanies  a four- 
section  line  is  permissible. 

The  final  circuit  uses  a 0.1-/i.f 
coupling  capacitor  which  tends  to 
become  charged  by  the  rectifiers. 
However,  the  negative  charge  is 
drained  off  by  an  extra  crystal 
diode  connected  so  that  a positive- 
going pulse  may  exist  but  a nega- 
tive bias  may  not. 
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Pulse  Rise  and  Decay  Time  Measurement 

By  ALLAN  EASTON 


Precise  measurement  of  rise  and 
decay  characteristics  of  pulses  is  a 
necessary  adjunct  to  their  expand- 
ing application.  Various  character- 
istics of  pulses  are  defined  in  Fig. 
1.  The  rise  or  decay  time  can  be 
measured  by  one  of  the  common 
methods  illustrated  in  Fig.  2.  If 


FIG.  1 — ^Principal  features  of  pulses  show 
times  to  be  measured 


the  pulse  is  symmetrical,  that  is  the 
rise  and  decay  times  are  substan- 
tially equal,  an  elliptical  sweep  can 
be  used\  However  when  the  pulse 
has  a very  steep  rise  or  a very 
rapid  decay,  the  pulse  itself  can  be 
used  as  the  sweep  to  obtain  accurate 
time  measurements. 

Basic  System  of  Measurement 

Figure  3 shows  two  alternate  ar- 
rangements of  the  measuring  equip- 
ment. The  trigger  used  to  initiate 
the  test  pulse  may  be  derived  from 
a free  running  trigger  generator 
or  from  a frequency  divider  driven 
by  a high-frequency  source.  In  the 
former  case  a pulsed  oscillator  is 
required  to  provide  the  measuring 
frequency.  In  the  latter  instance 
the  high-frequency  oscillator  from 
which  the  trigger  is  derived  may  be 
the  source  of  the  measuring  fre- 
quency. 

The  pulse  whose  rise  time  is  to  be 
investigated  is  connected  to  the 
horizontal  plates  of  the  cathode-ray 
tube.  Thus  the  pulse  provides  the 
sweep.  The  pulse  is  simultaneously 
passed  through  a differentiating 


FIG.  2 — SeTeral  techniques  ore  frequently 
used  to  meosure  pulse  rise  or  decay  time. 
The  top  two  methods  depend  on  a linear 
sweep  lor  a time  bose;  the  bottom  two 
use  time  interred  meakers 


network  whose  output  is  connected 
to  the  cathode-ray  tube  grid  or 
cathode. 

Before  the  pulse  begins  to  rise, 
the  beam  of  the  cathode-ray  tube  is 
stationary  and  appears  as  a bright 
spot  marked  A in  Fig.  4A.  (assume 
for  the  moment  the  calibrating  os- 
cillator is  not  operating).  As  the 
pulse  voltage  rises,  the  spot  sweeps 
across  the  screen  at  a velocity  pro- 
portional to  the  rise  time  and  for  a 
distance  proportional  to  the  peak 
voltage  and  deflection  sensitivity. 

The  pulse  eventually  reaches  the 
peak  voltage  and  remains  at  this 
value  for  a while  causing  the  bright 
spot  at  B,  after  which  it  sweeps 
back  to  the  starting  point  A until 
the  next  cycle.  Both  rise  and  de- 
cay times  contribute  to  the  total  de- 
flection while  the  periods  of  rela- 
tively constant  amplitude  cause  only 
bright  spots.  This  fact  should  be 
contrasted  with  the  other  methods 
mentioned  above  wherein  rise  and 
decay  times  occupy  only  a very 


small  percentage  of  the  screen 
trace. 

Now  suppose  the  marker  oscilla- 
tor, which  is  synchronized  with  the 
initiating  trigger,  is  connected  to 
the  vertical  plates  of  the  cathode- 
ray  tube.  This  connection  is  anala- 
gous  to  the  familiar  use  of  sine- 
waves  for  sweep  calibration.  Fig- 
ure 4B  shows  a possible  result.  The 
display  in  this  figure  still  has  lim- 
ited utility  because  it  contains  both 
the  forward  and  return  traces  su- 
perimposed, which  may  prove  con- 
fusing. Blanking  of  the  return 
trace  is  the  purpose  of  the  differen- 
tiating circuit. 

It  is  well  known  that  a pulse 
passed  through  an  R-C  circuit  of 
proper  time  constant  (sufficiently 
short  compared  with  the  pulse 
width)  results  in  a pair  of  pulses, 
one  positive  and  one  negative.  The 
times  of  occurrence  of  the  pair  of 
pulses  coincide  with  the  rise  and 
decay  times  of  the  input  pulse.  If 
the  output  of  the  differentiating  cir- 
cuit is  connected  to  the  intensity 


FIG.  3 — The  meosuring  tedmique  con  be 
acoomplished  by  seTerol  ammgemenU  of 
equipment 
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grid  of  the  cathode-ray  tube,  the 
positive  pulse  will  cause  brighten- 
ing of  the  trace  and  the  negative 
pulse  dimming.  When  the  grid  is 
initially  biased  near  cutoff,  then 
brightening  will  result  for  a time 
corresponding  to  the  rise  time  of 
the  test  pulse.  (If  a negative  test 
pulse  is  used  the  output  of  the  dif- 
ferentiating circuit  should  be  con- 


FIG.  4 — ^Appearance  of  traces  produced 
on  oscilloscope  during  measurements 


nected  to  the  cathode  of  the  cathode- 
ray  tube  to  observe  the  rise  time). 
The  trace  will  then  appear  as  in 
Fig.  4C.  In  some  applications  it 
has  proved  desirable  to  square  the 
tops  of  the  intensifying  pulses  in 
order  to  reduce  the  tendency  toward 
defocusing  of  the  trace. 

If  the  frequency  of  the  calibrat- 
ing oscillator  is  known,  the  rate  of 
rise  can  be  studied  between  any  two 
points  along  the  rise  characteristic 
by  counting  the  number  of  cycles 
of  the  calibrating  oscillator  between 
them. 

To  observe  the  decay  time  of  the 


test  pulse,  the  output  of  the  differ- 
entiating circuit  may  either  be  in- 
verted or  connected  to  the  cathode 
of  the  cathode- ray  tube.  (A  nega- 
tive test  pulse  would  require  con- 
nection to  the  intensity  grid  to  ob- 
serve the  decay  time.) 

Design  Considerations 

There  are  several  design  consid- 
erations which  affect  the  choice  of 
equipment.  Because  the  rise  time 
of  a pulse  may  be  exceedingly  fast 
(for  example  0.06  microsec),  a 
cathode-ray  tube  employing  high  ac- 
celerating voltages  should  be  used 
in  order  to  obtain  usable  brilliance, 
especially  if  a pulse  of  low  repeti- 
tion frequency  is  to  be  studied.  Ob- 
viously the  highest  feasible  value 
of  pulse  repetition  rate  should  be 
used  wherever  possible.  High  ac- 
celerating voltages  required  for 
good  brilliance  are  usually  accom- 
panied by  lower  deflection  sensi- 
tivity although  new  tubes  with  20,- 
000  volts  of  accelerating  potential 
and  high  deflection  sensitivity  are 
available  commercially*.  Thus  a 
fairly  large  peak  pulse  voltage  is 
needed  to  secure  sufficient  deflec- 
tion. If  small  pulses  are  to  be 
measured,  a pulse  amplifier  is  es- 
sential but  usually  will  distort  the 
rise  time  of  extremely  fast  pulses. 
This  defect  is  common  to  most 
methods  of  rise  time  measurement. 

It  is,  of  course,  not  essential  that 
the  measured  pulse  be  connected  to 
the  horizontal  plates  of  the  cathode 
ray  tube.  The  vertical  plates  may 
be  preferred. 

The  calibrating  oscillator  may 
take  several  forms;  the  commonest 
is  a free  running  oscillator  operat- 
ing at  a fairly  high  frequency.  (For 
example,  a 100  me  oscillator  will 
give  10  marker  cycles  when  observ- 
ing a pulse  with  a 0.1  microsec  rise 
time,  whereas  a 10  me  oscillator  will 
give  10  cycles  with  a pulse  of  1 
microsec  rise  time.)  The  use  of  a 
chain  of  synchronized  sinewave  os- 
cillators* makes  it  possible  to  obtain 


division  from  100  me  down  to  trig- 
ger frequency,  with  each  oscillator 
providing  a frequency  division  of 
ten  to  one,  or  better  yet,  five  to  one. 
A fundamental  circuit  diagram  of  a 
suitable  synchronized  sinewave  fre- 
quency dividing  oscillator  is  shown 
in  Fig.  5.  It  is  also  possible  to  uti- 
lize a pulsed  oscillator  as  a source 
of  calibrating  frequency*. 


FIG.  5 — A synchronized  frequency  divid- 
ing oscillator  con  be  used  to  obtain  a 
pulse  triggering  signol  co-ordinated  with 
the  deflection  signol 

Numerous  variations  of  the  prin- 
ciples outlined  in  this  paper  are 
possible.  No  attempt  has  been  made 
to  show  particular  circuit  arrange- 
ments as  these  details  will  depend 
on  the  types  of  pulses  to  be  meas-: 
ured  and  the  available  laboratory 
equipment.  Also  the  equipment  ar- 
rangement for  a laboratory  meas- 
urement will  differ  considerably 
from  that  for  measuring  and  stand- 
ardizing production  pulse  genera- 
tors. 
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Steepness  of  Pulse  Fronts 

By  MILTON  D.  RUBIN 


Most  analyses  of  pulsed  circuits 
assume  that  the  wavefront  of  the 
pulse  is  a step  function,  such  as 


FIG.  1 — ^Pulse  front  can  be  approximated 
by  a step  function  (curve  A),  a linearly 
rising  front  (curve  B),  or  an  exponentially 
rising  front  (curve  C) 

curve  A in  Fig.  1.  Actually  it  is 
physically  impossible  for  a voltage 
or  current  to  change  instantane- 
ously from  one  value  to  another. 
Therefore  a wavefront  cannot  have 
infinite  slope  as  implied  by  this 
function.  There  are  cases  in  which 
this  assumption  of  a perfectly 
square  pulsefront  leads  to  errone- 
ous results.  In  these  cases  the  fol- 
lowing analysis  gives  better  results 
with  no  greater  complexity. 

Linearly  Rising  Pulse  Front 

Often  it  is  appropriate  to  as- 
sume an  infinite  slope  as  a first  ap- 
proximation, and  to  interpret  the 
results  accordingly.  However  when 
this  approximation  gives  incorrect 
results  (One  of  the  principal  cases 
being  an  analysis  of  pulse  differ- 
entiation), a second  approximation 
to  the  solution,  a linearly  rising 
pulsefront  such  as  curve  B in  Fig. 
1,  which  is  close  enough  to  be  of 
great  practical  help,  can  be  as- 
sumed. A fairly  complete  analysis 
of  this  problem  has  assumed  expo- 
nential rise  of  the  pulse,  such  as 
Curve  C in  Fig.  1,  which  might  be 
considered  as  a third  and  even 
closer  approximation^ 

Nevertheless,  assumption  of  a 
linear  rather  than  exponential  rise 


may,  at  times,  be  more  accurate,  as 
the  rise  is  often  linear  until  just 
before  flattening  out,  particularly 
when  peaking  circuits  are  used. 

What  the  practical  electronic  de- 
signer prefers  is  a few  rules  of 
thumb  for  quick  application  to  vari- 
ous cases,  especially  when  numer- 
ous stray  effects  need  to  be  consid- 
ered and  the  circuit  values  are  not 
accurately  known. 

Assume  a linear  rise  of  the  pulse. 
By  way  of  illustrating  the  approach, 
a simple  R-C  circuit,  shown  in  Fig. 
2,  is  considered  because  of  its  sim- 
plicity and  wide  application.  Like- 
wise, .the  essentials  of  the  mathe- 
matical analysis  are  given  because 
of  their  simplicity  and  because  the 
method  can  be  used  for  other  cir- 
cuits. 

The  voltage  rises  from  0 to  £7  in 
time  T,  therefore  the  rate  of  rise  is 
E/T,  and  the  input  voltage  is  e,  = 
Et/T.  The  current  can  be  found 
by  dividing  the  operational  trans- 
form expression  for  the  voltage  by 


FIG.  2 — Curves  In  Fig.  9 pertain  to  this 
simple  but  common  circuit 

the  operational  transform  for  the 
impedance,  and  solving  for  the  cur- 
rent by  known  equivalences  (The 
operational  transform  method,  giv- 
ing direct  solutions  of  pulse  trans- 
mission problems,  should  be  at 
every  electronic  engineer's  finger- 
tips.), or  by  contour  integration  in 
the  complex  plane.  The  expression 
for  the  voltage  by  the  operational 


transform  method^®,  for  the  rise 
period,  is  therefore  E/Tp,  where  p 
is  the  well  known  operator.  The  im- 
pedance is  /?  -|-  1/Cp,  thus 


E/Tp 
’R  + llCv 


(1) 


where  : : denotes  operational  trans- 
form equivalence.  The  solution  is 
i = {CE/T)  (1  - (2) 

Usually  we  are  interested  in  the 
voltage  across  the  resistor.  This 
voltage  is 

= (RCE/T)  (1  - (3) 

which  is  of  the  form  of  curve  C in 
Fig.  1. 


Interpretation  of  Results 

To  interpret  this  equation  into 
practical  rules  of  thumb,  let  us 
consider  several  cases,  realizing 
that  for  the  present  we  are  consid- 
ering only  the  rise  period. 

First,  for  t considerably  less  than 
RC 

e«  = EtjT  (4) 

Thus  the  voltage  follows  and  is 
equal  to  the  input  voltage,  as  it 
also  has  this  equation.  If  T is  con- 
siderably less  than  RC,  then  the 
whole  wavefront  is  transferred 
faithfully  across  the  resistor. 

For  the  second  case,  consider  T 
approximately  equal  to  RC.  Then 
t z=  T = RC,  substituting  in  Eq.  3. 

c*  = (RCE/RC)  (1  - 6-1)  = 0.6321^  (5) 

or  eji  is  approximately  (2/S)E.  The 
voltage  across  the  resistor  thus 
rises  exponentially  to  about  (2/3) 
E,  and  there  is  some  differentiation 
and  loss  in  voltage. 

For  the  third  case,  consider  when 
the  wavefront  rises  to  its  full  value 
in  time  t = T = SRC.  Here  again 
the  voltage  rises  exponentially  to 
its  final  value,  which  is,  from  Eq.  3 
e«  = (E/S)  (1  - 6-3)  = (0.95/3) (6) 
or  eji  is  approximately  (1/3) E.  In 
this  case  we  have  lost  2/3  of  the 
voltage,  and  are  now  in  the  region 
in  which  many  differentiating  cir- 
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cuits  work.  The  analysis  indicates 
that,  unless  the  rise  time  of  the  in- 
put voltage  is  about  the  same  as  or 
less  than  the  time  constant  of  the 
differentiating  circuit  into  which  it 
is  working,  much  of  the  voltage  is 
lost  in  passing  through  the  circuit. 

For  the  fourth  case,  consider  a 
rise  time  very  much  larger  than 
RC.  For  t = r = aRC,  where  a 


FIG.  3 — Comparison  of  response  to  scfoore* 
wore  to  that  of  linearly  rising  worefroint 
for  Tcoioos  pulse  periods  relatiTe  to  the 
circuit  time  constant  shows  con^dervdile 
difference  for  reUxtiTely  long  pulses 

= 7 or  greater,  the  exponential 
term  in  Eq.  3 becomes  less  than 
0.001,  and  the  voltage  rises  in  time 
T to  Br  = E /a.  For  example,  con- 
sider the  case  of  a = 10.  When  the 
input  voltage  wavefront  reaches 


its  full  value  of  E at  t = T = lOEC, 
the  voltage  across  the  resistor 
reaches  within  better  than  0.01  of 
one  percent  of  its  maximum  value 
of  O.IE.  Actually  the  voltage  has 
reached  95  percent  of  this  value  at 
t = SEC  thus 

en  = {Eja)  (1  - e-»)  = 0.095£  (7) 

These  four  cases  are  illustrated 
in  Fig.  3.  The  solid  Ci  curves  are 
the  square  input  voltage;  the  solid 
Br  curves  are  the  output  voltage 
(Fig.  2)  resulting  from  such  an  in- 
put, The  dashed  curves  are  a 
linearly  rising  input  voltage;  the 
dashed  Br  curves  are  the  output 
from  such  an  input  In  Fig.  3A 
there  is  little  difference  between 
the  output  obtained  from  a square 
or  a linearly  rising  waveshape. 
However  in  Fig.  3B  there  is  a no- 
ticeable difference.  In  Fig.  3C  and 
especially  Fig.  3D  there  are  no 
similarities.  The  errors  resulting 
from  assuming  a squarewave  are 
obvious. 

Until  now  we  have  been  discuss- 
ing the  rise  period.  After  the  input 
voltage  has  reached  its  maximum 
at  time  T,  it  remains  constant  for 
the  duration  of  the  pulse,  and  the 
voltage  across  the  resistor  falls  ex- 
ponentially, in  accordance  with  the 
equation 

em  =•  (9) 

where  Er  is  the  maximum  voltage 
reached  across  the  resistor,  and 
time  is  still  measured  from  the 
origin  of  the  pulse  front.  At  the 
tail  of  the  pulse,  a similar  differen- 
tiated pulse  appears  with  opposite 
polarity.  We  have  used  the  term 
differentiation  somewhat  loosely,  as 
the  center  portion  of  the  differenti- 
ated pulse,  between  the  two  spikes, 
must  be  included  in  the  concept  of 
differentiation  as  applied  to  pulses. 

Rules  of  Thumb 

Comparing  the  results  from  as- 
suming a linearly  rising  pulhefront 
with  those  resulting  from  assuming 
a perfectly  square  pulsefront  (Fig. 
3),  we  see  how  misleading  the  lat- 
ter assumption  can  be.  For  exam- 
ple, in  case  four,  the  output  voltage 
approaches  very  closely  the  true 
mathematical  differential  of  the  in- 


put wave,  except  for  amplitude,  as 
the  input  wave  is  Et/T  and  the 
output  is  e = E/a  during  the  rise 
time. 

Rules  of  thumb  for  anticipating 
pulse  response  of  circuits  are  there- 
fore as  follows: 

(1)  If  the  time  constant  of  the 
circuit  is  much  greater  than  the 
rise  time  of  the  pulse,  the  pulse- 


FIG.  4 — Several  dienits,  elightty  Biore  com- 
plex than  that  of  Fig.  2.  con  be  analysed 
by  the  exoct  some  technigne.  Other  more 
complex  circuits  con  be  onalysed  by  on* 
ologoos  techniqueB 

front  is  transferred  across  the  cir- 
cuit with  slight  loss  in  voltage  (Fig. 
3A). 

(2)  If  the  time  constant  of  the 
circuit  is  about  equal  to  the  rise 
time  of  the  pulse,  the  voltage  out- 
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put  maximum  is  about  § of  the  in- 
put (Fig.  3B). 

(3)  If  the  time  constant  of  the 
circuit  is  J or  less  of  the  rise  time 
of  the  pulse,  the  output  voltage  is 
approximately  this  fractional  pro- 
portion of  the  input  (Fig.  3C  and 
3D). 

Practical  Applications 

There  are  several  practical  points 
which  should  be  considered  regard- 
ing the  effect  of  the  associated 
physical  circuits  to  which  the  above 
differentiating  circuit  is  connected. 
First,  R should  represent  the  com- 
plete effective  load  on  the  differenti- 
ating circuit.  Second,  usually  some 
capacitance  exists  across  the  resis- 
tor, shown  as  in  Fig.  4A.  In  this 
case,  by  application  of  Thevenin’s 
theorem,  there  results  Fig.  4B,  to 
which  we  can  apply  the  results  ar- 
rived at  above.  The  voltage  pro- 
duced across  R by  placing  Ca  in 
parallel  with  Ci,  and  replacing  the 
input  voltage  with  the  reduced  in- 
put voltage  e*  = eCif(Ci  + Ca), 


FIG.  5 — Comparisen  of  results  assuming  a 
linearly  or  an  exponentially  rising  ware- 
front  shows  that  they  gire  results  of  the 
same  order  of  magnitude 

as  shown  in  Fig.  4B,  is  the  same  as 
in  the  original  circuit  (Fig.  4A). 

Third,  the  above  analysis  assumes 
that  the  output  resistance  of  the 
generator  supplying  e,  is  negligible 
in  comparison  with  R,  If  this  is  not 
so,  we  can  reduce  it  to  this  ca,se 
as  follows.  In  Fig.  4C,  Ri  is  the  out- 
put resistance  of  the  source,  and 
Ra  is  the  load  resistance.  This  cir- 
cuit is  exactly  the  same  as  Fig.  4D. 


Thus  the  results  of  the  previous 
analysis  apply  by  using  the  value 
of  Ri  + Ra  as  R to  get  ejt,  and  then 
multiplying  by  the  ratio  RJiRi  + 
Rid  to  get  the  actual  output  volt- 
age Co. 

Figure  5 illustrates,  for  the  sake 
of  comparison,  an  exponential  pulse 
front  (dashed  ed  with  a time  con- 
stant of  one  half  the  rise  time  of 
the  comparable  linear  pulse  front 
(solid  ed  shown  with  it.  The  out- 
put voltage  across  the  resistor  due 
to  the  exponential  pulse  front 
(dashed  Br)  may  be  compared  with 
that  due  to  the  linear  front  (solid 
Br)  as  an  indication  of  the  reliabil- 
ity of  the  second  order  approxima- 
tion compared  to  the  third  order 
one.  The  assumption  of  linearly 
rising  pulse  front  is  quite  reliable. 
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Voltmeter  for  Pulses 


High  input  impedance  is  obtained 
in  a vacuum  tube  voltmeter  for  use 
with  pulses  by  the  accompanying 
circuit.  Basically  it  is  a conven- 
tional diode  rectifier,  using  the  first 
section  of  a 6SN7  with  grid  tied  to 
plate,  followed  by  a cathode  coupled 
amplifier  (cathode  follower) . Other 
tube  combinations  might  be  better 
(perhaps  a 6SQ7).  Amplifier  grid 
bias  is  adjusted,  depending  on  the 
plate  supply  voltage,  to  approxi- 
mately cut  off  the ' amplifier  plate 
current. 

Capacitor  C is  charged  through 
the  diode  during  a positive  pulse. 
The  charge  then  leaks  off  through 
resistors  Ro  and  Rc.  However,  the 


Voltmeter  responds  equally  well  to  pulses 
from  one  to  20  microseconds  durotion 


triode  section  of  the  6SN7  then 
passes  current  developing  a volt- 
age across  Rc  to  oppose  the  dis- 


charge of  the  capacitor.  The  time 
constant  of  the  output  circuit  is 
thus  increased.  This  increase  of 
time  constant  of  the  actual  circuit 
over  that  of  the  passive  circuit  ele- 
ments alone  approaches  the  ampli- 
fication factor  of  the  amplifier  tube 
as  Rc  approaches  the  internal  tube 
resistance.  Because  of  the  increased 
time  constant  of  the  output  circuit, 
the  capacitor  can  be  small,  thus  in- 
creasing the  input  impedance  of  the 
voltmeter.  Indication  can  be  either 
by  a plate  milliammeter  as  shown, 
or  by  a conventional  voltmeter 
across  Rc.  (A  High  Impedance 
Pulse  Voltnieter,  D.  E.  Howes,  Rbv 
Sci  Inst,  p 322  Nov  1945) 
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Graphical  Fourier  Analysis 

By  THOMAS  C.  BLOW 


Periodic  functions  can  be  anal- 
yzed into  their  harmonic  contents 
by  several  methods.  Simplified 
schedules^  are  available  that  shorten 
numerical  step-by-step  integrations* 
but  a graphical  method  that  is 
short  and  accurate  enough  for  engi- 
neering purposes  is  simpler.  In  ad- 
dition, as  will  be  seen  from  the  fol- 
lowing description,  only  a few 
ordinates  need  be  used  when  deter- 
mining the  lower  order  harmonics. 

Vector  Addition 

The  accompanying  diagram  shows 
how  the  analysis  is  performed  with 
a protractor  and  scale.  The  first 
ordinate  Oi  is  laid  off  from  the  ori- 
gin in  the  direction  specified  by  its 
abscissa,  30  deg  in  this  illustration. 
Successive  ordinates  are  laid  off  end 
to  end  in  their  respective  direc- 
tions. Ordinates  of  negative  values 
such  as  tts  through  On  are,  of  course, 
laid  off  in  the  negative  direction. 
The  line  closing  the  polygon  is  then 
the  desired  coefficient  A,,  but  multi- 
plied by  w/2  where  n is  the  number 
of  ordinates  used  in  the  analysis,  12 
in  this  case.  The  angle  is  the 
angle  between  the  resultant  and  the 
vertical  axis. 

The  coefficient  and  angle  so  de- 
termined are  substituted  in  the 
equation 

F {.O')  — Ao  Aisin(d  -1-  ^i)  -}- 
A2sin(20  + ^2)  + A«sin(f20  -f  <#»«) 


At  the  top  is  shown  o wave  to  be  analysed; 
twelve  ordinates  are  constructed  at  30  deg 
intervals  to  illustrate  the  technique.  Below 
is  shown  the  construction  by  which  the 
amplitude  and  phase  angle  of  the  funda- 
mental are  graphically  determined 

To  determine  A2  and  <^2  for  the  sec- 
ond harmonic,  the  process  is  re- 
peated but  with  the  modification 
that  each  ordinate  is  laid  off  at 
twice  the  angle  of  its  respective 
abscissa.  For  example,  Oi  is  laid  off 
at  60  deg.  The  length  of  the  line 
closing  the  polygon  so  formed,  di- 


vided by  n/2,  is  A2;  its  angle  to  the 
vertical  is  ^2.  The  third  harmonic 
coefficient  will  be  found  by  laying 
off  the  ordinates  at  three  times 
their  respective  angles. 

For  the  steady  state  component 
Ao  the  algebraic  average  of  the  or> 
dinates  is  taken  and  divided  by  n. 
For  the  case  of  R = n/2  the  line 
closing  the  polygon  should  also  be 
divided  by  n instead  of  n/2  and  the 
angle  will  always  appear  in  this 
case  to  be  90  deg.  However,  in  ac- 
tual practice  such  a condition  will 
not  be  encountered  because  the 
number  of  ordinates  must  be  at 
least  three  to  four  times  the  high- 
est order  harmonic  to  be  analysed 
reliably.  Fewer  ordinates  can  be 
used  in  determining  the  lower  har- 
monics but,  in  any  case,  a sufficient 
number  should  be  employed  to  ade- 
quately describe  any  abrupt  varia- 
tions during  the  cycle.  Also,  the 
analysis  is  greatly  facilitated  by 
the  use  of  a universal  protractor  for 
making  the  graphical  construction. 
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Pulse-Smewave  Converter 


Although  in  most  apparatus*  us- 
ling  pulse  techniques  the  de- 
sired end  result  is  in  pulse  form, 
there  are  exceptions  such  as  in 
pulse  freqfuency-modulation  sys- 
tems and  radar  radio  links  where 


By  W.  Hi.  CAMERON 

sinewave  output  is  desired.  A 
simple  and  useful  method  of  con- 
verting the  output  pulses  to  sine- 
waves  is  to  produce  a positive  and 
a negative  exponential,  which  are 
then  folded  to  produce  a wave  hav- 


ing approximately  sinusoidal  char- 
actertistics.  The  circuit  for  doing 
this  requires  few  components. 

Wave  Synthesis 

Several  practical  considerations 
suggest  the  sort  of  converter  most 
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suited  to  this  problem.  The  pulse 
energy,  when  averaged  over  a re- 
currence cycle,  is  quite  low.  Thus, 
although  low-pass  filters  are  con- 
ventionally used  to  obtain  sine- 
waves  from  pulses,  it  would  be 
preferable  that  the  converter  con- 


FIG.  1 — Circuit  for  couTerting  pulses  to 
sinewoyes  is  simple  and  more  compact 
than  a passive  filter.  Component  values 
are  for  a representative  application 

tain  an  internal  power  source  to 
furnish  an  output  of  reasonable 
amplitude.  This  requirement  im- 
plies the  use  of  vacuum  tubes,  but 
the  number  of  tubes  should  be  held 
to  a minimum.  The  converter  out- 
put should  have  reasonably  low 
harmonic  content,  so  that  addi- 
tional filtering  can  be  a minimum, 
but  cannot  use  resonant  circuits 
for  this  purpose  because  the  out- 
put frequency  should  be  a function 
of  the  pulse  rate. 

Figure  1 shows  a circuit  that 
meets  these  requirements.  The  first 
tube  is  biased  to  cutoff.  A positive 
pulse  on  its  grid  causes  Ci  to  dis- 
charge through  the  tube  for  the 
duration  of  the  pulse,  after  which 
it  charges  slowly  through  Ri.  The 
exponential  wave  thus  obtained  is 
applied  through  an  R-C  network  to 
the  grid  of  Vi.  The  plate  circuit  of 
this  tube  also  has  a long  time  con- 
stant that  prevents  any  sharp  dis- 
continuities from  appearing  in  the 
output  wave.  The  curves  on  the 


diagram  show  the  waveforms  at 
various  points  when  the  circuit  is 
operating  at  the  frequency  for 
which  the  second  harmonic  is  the 
least.  With  an  input  pulse  of  80 
volts  peak,  the  output  has  an  ampli- 
tude of  about  17  volts  peak  to  peak. 

Design  and  Performance 

For  tube  and  component  values 
as  shown  in  Fig.  1,  the  values  of  C, 
and  Ci  for  least  second  harmonic 
distortion  at  frequency  f„  are  given 
approximately  by  the  empirical 
formula 

Cr  = C,  = 3.70  X 10*  [J^[xF 


FIG.  2 — Measured  variations  of  voltage 
output  and  percent  harmonics  show  per- 
formance of  pulse-to-sinewave  converter 


and  C,  is  ten  percent  of  this  value. 
The  coupling  capacitor  C,  should  be 
kept  large  so  that  it  does  not  in- 
troduce appreciable  phase  shift. 
Part  of  the  justification  for  this 
approximate  formula  is  that  the 
impedances  in  the  circuit  are  ad- 
justed to  produce  only  slight  load- 
ing on  previous  loops  in  the 
networks.  The  approximation  is 
within  ten  percent  of  the  rigorous 
result,  which  is  commensurate  with 
the  tolerance  of  commercial  com- 
ponents. 

Other  factors  than  component 
values  influence  the  waveform. 
With  plate  supply  voltages  of  200, 
150  and  100  volts  the  corresponding 
second  harmonics  were  15,  17.3  and 
20  percent  at  2,200  cps.  Values 


ranging  from  14.5  to  21  percent 
were  found  at  the  same  frequency 
when  other  tubes  of  the  same  type 
were  substituted.  Figure  2 shows 

the  harmonic  content  from  a typi- 
cal converter  (measured  on  a Gen- 
eral Radio  type  636-A  Wave  Ana- 
lyzer) expressed  as  a percentage  of 
the  fundamental.  Four  converters 
operating  within  the  band  from  500 
to  4,000  cps  but  having  different 
/h  were  tested.  The  second  har- 
monic present  at  fa  was  2.7,  3.2, 
4.0  and  2.1  percent  respectively. 

In  planning  an  adaptation  of  this 
converter  for  other  ranges  or  tube 
complements,  the  two  functions  of 
the  circuit  should  be  kept  in  mind. 
The  part  of  the  circuit  to  the  left 
of  C*  produces  an  exponential  wave 
from  the  pulse  input.  A large  ex- 
ponential voltage  change  across  C, 

is  desired  and  will  be  obtained  when 
the  impedance  of  Ri-Ci  is  high 
and  Vi  has  low  plate  resistance  and 
high  emission  capability;  a sharp 
cutoff  tube  requires  lower  input 
pulses  than  a remote  cutoff  t3T)e. 
The  part  of  the  circuit  to  the  right 
of  Ci  is  a dynamic  filter  in  which  R, 
is  in  series  with  the  plate  resist- 
ance of  Vi  during  both  charging 
and  discharging  of  Ci,  the  voltage 
change  across  Ci  being  effected  by 

varying  the  plate  resistance.  With 
other  tubes,  Ri  should  be  chosen  for 
best  filter  action.  While  one  might 
obtain  the  required  filtering  with  a 
passive  L-C  network,  the  size  of 
the  inductances  necessary  at  these 
frequencies  that  will  match  a driv- 
ing impedance  in  the  order  of  0.5 
megohm  is  the  main  drawback. 

When  the  electronic  converter 
circuit  is  used  in  frequency-modula- 
tion equipment,  the  deviation  should 
be  limited  to  five  percent  of  the  re- 
currence frequency.  A circuit  of 
this  type  was  used  successfully  in  a 
pulse  frequency-modulation  system 
that  carried  audio  frequencies  to  2 
kc  on  a mean  recurrence  frequency 
of  5 kc. 
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Multifrequency  Synchronizer 


Px^iSES  repeating  at  multiples  or 
fractions  of  the  input  signal  fre- 
quency are  produced  by  a versatile 
synchronizing  unit  that  is  useful 
for  calibration  and  measurement  in 
a variety  of  control  and  laboratory 
applications.  The  unit  can  be  driven 
by  the  power  line  or  by  an  external 
oscillator  at  a frequency  in  the 
subsonic,  sonic  or  ultrasonic  range. 
For  example,  the  equipment  has 


FIG.  1 — Input  ond  divider  portions  of  syn- 
chroniser; second  multivibrator  is  same  as 
first;  connections  go  to  correspondingly 
marked  leads  of  Fig.  2 

been  used  to  produce  range  mark- 
ers. It  delivers  an  output  that  can 
be  adjusted  in  amplitude  and  made 
to  have  a rectangular,  square,  or 
impulse  waveform. 

Straightforward  Circuit 

The  circuit  uses  only  resistance 
and  capacitance,  hence  there  can 
be  no  frequency  drift  as  there 
might  be  if  resonant  circuits  were 
used.  Triodes  are  used  throughout ; 
almost  any  type  is  suitable,  but  the 
high-gain  dual  type  is  preferable. 


By  ROBERT  K-F  SCAL 

The  circuit  values  shown  here  are 
for  a 60  cps  input;  they  are  not 
particularly  critical. 

Functionally  the  unit  consists  of 
four  sections;  the  input,  the  mul- 
tiplier, the  divider,  and  the  out- 
put. Figure  1 shows  the  input  and 
divider ; Fig.  2 shows  the  multiplier 
and  output.  Although  the  circuit 
shown  provides  five  output  fre- 
quencies (the  fundamental,  its  sec- 
ond and  third  harmonics,  and  its 
second  and  third  subharmonics), 
the  circuit  can  be  extended,  or  re- 
stricted, to  any  required  range. 

The  input  consists  of  an  over- 
driven amplifier  (VIA,  VIB  and 
V2A)  which  converts  the  input  to 
a rectangular  or  square  wave  de- 
pending on  the  adjustment  of  the 


FIG.  2 — ^Leads  A.  B,  C and  D come  from 
corresponding  leods  of  Fig.  2.  Multipliers 
(one  shown  in  detail}  and  output  portions 
of  synchronizer  are  shown  here 

cathode  resistor.  If  a fixed  input 
voltage  is  used,  this  resistor  can  be 


fixed  at  the  value  giving  the  re- 
quired waveform.  One  volt  input 
is  sufficient  to  drive  the  clipper;  if 
higher  voltages  are  available,  fewer 
stages  can  be  used.  The  frequency- 
dividing  circuit  consists  of  a cath- 
ode-coupled half-shot  multivibrator 
(V3A  and  V3B)  fed  from  a differ- 
entiating circuit.  This  multivibra- 
tor produces  an  output  of  half  the 
frequency  of  its  input.  To  further 
divide  the  synchronizing  fre- 
quency, the  output  from  this  mul- 
tivibrator is  fed  through  another 
differentiating  circuit  to  a second 
multivibrator  (V4A  and  V4B).  If, 
as  in  this  circuit,  the  output  be- 
tween dividers  is  to  be  used,  an 
over-driven  amplifier  (V2B)  should 
be  used  between  them.  When  the 
unit  is  first  put  into  operation  the 
dividing  circuits  may  need  adjust- 
ing to  assure  that  they  are  not 
triggered  by  stray  pickup.  The 
circuit  can  be  laid  out  and  adjusted 
so  that  the  tubes  need  not  be 
shielded,  but  if  the  equipment  is 
to  be  used  near  apparatus  produc- 
ing strong  pulses,  shielding  from 
external  pickup  is  essential. 

Frequency  Multiplier 

The  novel  multiplying  circuit 
shown  in  Fig.  2 is  an  alternate- 
pulse  inverter  that  inverts  only  the 
positive  pulses  of  a wave  train 
consisting  of  alternate  positive  and 
negative  pulses.  Pulses  shown  in 
Fig.  3 are  applied  to  both  grid  and 
cathode  of  the  inverter  (V5A), 
which  is  effectively  self-biased  prac- 
tically to  cutoff.  A positive  input 
pulse  affects  the  grid,  producing  a 
negative  pulse  in  the  plate  circuit. 
A negative  pulse  affects  the  cath- 
ode, also  producing  a negative 
pulse  in  the  plate  circuit.  The  fol- 
lowing two  stages  (V5B  and  VBA) 
eliminate  positive  pulses  appearing 
in  the  plate  circuit  and  shape 
the  negative  pulses.  Because  a 
grounded-grid  amplifier  (V6A)  is 
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used  in  this  shaping  circuit,  the 
pulses  out  of  it  are  positive. 

To  obtain  a rectangular  or 
square  wave  at  the  multiplied  rate, 
the  output  pulses  can  be  fed  to  a 
multivibrator.  If  further  multi- 
plication is  required,  the  pulse  out- 
put is  fed  through  a differentiator 
to  another  alternate  pulse  inverter 
(V8,  V6B,  and  V9).  A buffer  and 
shaping  amplifier  (VTA  and  V7B) 
is  advisable  if  the  output  from  the 
first  multiplier  is  to  be  used  ex- 
ternally as  well  as  for  driving  an- 
other multiplier.  The  grid  circuit 
of  the  output  (V7B)  is  adjusted  to 
give  the  required  wave  shape. 

As  shown  here  the  unit  provides 
only  one  frequency  at  a time.  If 
several  frequencies  are  to  be  used, 
additional  switching  and  output 
amplifiers  can  be  added  to  obtain 
all  frequencies  simultaneously  if  de- 
sired. The  single  output  amplifier 
used  here  consists  of  an  overdriven 
stage  (VlOA)  to  limit  the  voltages 
of  all  frequencies  to  the  same  level. 
The  output  switch  selects  rectangu- 
lar or  square  waves  from  the  out- 
put of  this  amplifier,  or  pulses  pro- 
duced by  feeding  the  signal  to  the 
cathode  follower  (VlOB)  through 
a differentiator.  Additional  cir- 
cuits can  be  used  to  improve  the 
waveform  if  desired. 

Spacing  of  the  output  pulses  from 
the  alternate  pulse  inverter  is  the 
same  as  the  input  spacing.  If  the 
inverter  is  used  to  drive  a single- 


shot multivibrator,  it  will  be  nec- 
essary to  adjust  the  multivibrator 
to  obtain  the  required  output;  for 
example,  to  obtain  a symmetrical 
square  wave.  Although  the  dividing 
and  multiplying  circuits  are  not 
sensitive  to  frequency,  the  coupling 
circuits  of  the  multipliers  are ; they 
will  have  to  be  adjusted  if  the  input 
frequency  is  changed.  A unit  em- 
ploying an  input  frequency  equal 
to  the  highest  required  frequency 
and  using  only  dividers  is,  there- 
fore, more  versatile  than  one  using 
both  dividers  and  multipliers. 

Power  requirements  for  the  unit 
are  small.  The  maximum  output 
voltage  is  dependent  on  the  B-f 
voltage,  which  can  be  from  250  to 
300  volts  for  the  6SL7’s  or  higher 
if  6SN7’s  are  used.  A 5Y3-GT/G 
or  selenium  rectifier  can  be  used 
with  a single-section  filter.  A regu- 
lator may  be  desirable  because  the 
autput  is  sensitive  to  supply  volt- 
age. Transients  on  the  B-|-  line 
may  trigger  the  multivibrators. 
Therefore,  if,  as  is  most  likely,  an 
electrolytic  filter  is  used  across  the 
output  of  the  power  supply,  it 
should  be  bypassed  with  either  a 
small  paper  or  mica  capacitor  to 
offer  low  impedance  to  high  fre- 
quencies. If  an  external  power  sup- 
ply is  used,  the  capacitors  should 
be  across  the  B+  at  the  synchro- 
nizer to  by-pass  stray  pulses  picked 
up  from  the  supply  line,  even  if 
it  is  shielded. 


FIG.  3 — Oscillographs  show  waveionns  at 
critical  portions  of  synchronizer.  (A)  out- 
put of  overdriven  amplifier.  (B)  input  to 
alternate  pulse  inverter.  (C)  output  of 
alternate  pule  inverter,  and  (D)  output  of 
shaping  amplifier 


458 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


Variable  Pulse  Delay  for  Radar  Ranging 


Accurate,  continuously-variable  or  fixed  pulse  delay  unit  may  be  used  in  radar  ranging, 
navigation,  propagation  studies  and  other  similar  techniques.  Delay  is  obtained  locally  or 
remotely  with  range  from  a few  microseconds  to  several  milliseconds  with  a maximum 

error  of  0.3  microsecond 


By  JAMES  F.  GORDON 


Although  there  are  several  meth- 
fe  ods  for  obtaining  variable 
pulse  delays,  many  of  them  be- 
come impractical  where  a number 
of  general  requirements  must  be 
met.  It  is  possible  to  design  a multi- 
vibrator-type delays  for  periods  ex- 
tending from  a few  microseconds 
up  to  several  milliseconds.  These 
delays  are  entirely  satisfactory  for 
applications  not  requiring  high 
stability  or  calibration  accuracy. 

For  short  periods  of  fixed  delay, 
both  real  and  artificial  delay  lines 

This  article  is  based  on  a paper  pre- 
sented at  the  1950  National  Electronics 
Conference.  The  Conference  paper  will 
appear  in  the  NEC  Proceedings. 
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FIG.  1 — ^Basic  sawtooth  time  delay 

are  generally  satisfactory.  Other 
methods  of  creating  pulse-type  de- 
lays may  be  considered  such  as  the 
phantastron,^’*  mercury  delay  lines,* 


and  other  types  wherein  an  ultra- 
sonic delay*  may  be  accomplished. 

One  of  the  requirements  of  such 
a delay  unit  may  be  to  establish 
pulse  delays  of  the  order  mentioned 
above  while  maintaining  a calibra- 
tion accuracy  which  is  independent 
of  the  repetition  rate  of  the  refer- 
ence input  pulse.  A system  which 
may  be  made  reasonably  insensitive 
to  repetition  rate  is  that  used  con- 
siderably in  the  past  several  years 
as  a means  of  creating  a pulse  de- 
lay.* 

A brief  review  of  the  general 
function  of  such  a system  is  as  fol- 
lows : A delay  reference  input  pulse 
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is  made  to  trigger,  simultaneously, 
a sine-wave  oscillator  circuit  and  a 
sawtooth  generator.  The  oscillator 
feeds  a 0 to  360-deg  variable  phase- 
shifting  circuit,  the  output  of  which 
feeds  a pulse  generator.  The  pulse 
generator  output  consists  of  pulses, 
one  for  each  cycle  of  the  sine-wave 
oscillator.  These  pulses  are  super- 
imposed upon  the  sawtooth  circuit 
and  appear  as  shown  in  Fig,  1. 

By  making  the  sawtooth  gen- 
erator trigger  itself  after  it  reaches 
a predetermined  peak  value,  saw- 
tooth plus  superimposed  pulse,  and 
by  using  this  peak  trigger  voltage 
to  develop  an  output  pulse,  a time 
delay  is  realized.  The  time  delay  is 
essentially  equal  to  the  period  of 
the  total  sine-wave  oscillations  rep- 
resented by  the  pulse  spacings  on 
the  sawtooth. 

By  changing  the  point  at  which 
the  sawtooth  generator  triggers  it- 
self, it  is  possible  to  create  a delay 
which  is  adjustable  in  steps,  each 
step  equal  to  one  cycle  of  the  sine- 
wave  oscillator.  By  virtue  of  the 
phase  shifter  following  the  pulse 
sine-wave  oscillator  circuit  it  is  pos- 
sible to  superimpose  upon  this  saw- 
tooth, pulses  equally  spaced  by  one 
cycle  of  the  sine-wave  following  the 
first  pulse. 

The  first  pulse  at  the  base  of  the 
sawtooth  will  be  spaced  a period 
from  the  start  of  the  sawtooth  by 
a 0 to  360-deg  value  depending  upon 
the  setting  of  the  phase  shifter. 
By  suitably  adjusting  the  sawtooth 
stopping  point  and  by  setting  the 
phase  shifter  it  is  possible  to  super- 
impose any  number  of  pulse  spac- 
ings plus  any  part  of  a pulse  space 
on  the  sawtooth.  If  the  sawtooth 
cut-off  point  is  made  to  increase 
in  synchronism  with  the  corre- 
sponding sine-wave  phase  shifter, 
the  delay  period  as  indicated  will 
be  continuously  adjustable.  Since 
this  is  accomplished  in  practice  by 
a mechanical  linkage,  the  unit  is 
referred  to  as  an  electromechanical 
pulse  delay  unit. 

In  a unit  designed  on  the  fore- 
going basis  the  total  pulse  delay 
accomplished  is  the  same  as  a num- 
ber of  individual  delays,  all  of 
which  are  not  immediately  appar- 


ent. One  of  the  general  sources  of 
such  individual  delays  results  from 
the  existing  condition  in  all  pulsed 
timing  equipments  that  any  pulse 
must  necessarily  have  a finite  rise 
period.  The  designer  should  make 
all  pulses  in  the  delay  chain  have 
as  short  a rise  period  as  possible 
and  the  amplitude  should  be  gener- 
ous in  all  cases  to  reduce  the  total 
delay  in  any  system  and  the  trig- 
gering action  sensitivity  to  ampli- 
tude variations.  Sensitivity  of  this 
sort  is  often  responsible  for  a tsrpe 
of  annoying  pulse  phase  modulation 
generally  referred  to  as  jitter. 
Long  term  variations  of  the  same 
type  result  in  reset  inaccuracies. 

The  total  delay  effected  by  a unit 
of  this  t3T)e  must  take  into  consid- 
eration the  delay  introduced  by  the 
character  of  the  delay  reference 
input  pulse  and  by  the  effect  of  the 


FIG.  2 — Input  and  output  waveforms  for 
cratosyn  phase  shifter.  Resulting  distortion 
is  not  dissipated  until  the  end  of  the  first 
two  cycles 
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FIG.  4 — Stable  and  adjustable  pulse  gen- 
erator consisting  of  two  deloy  units  con- 
nected back  to  back 
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FIG.  6 — An  outomotically  traced  error 
curve  for  a carefully  balanced  and  adjusted 
unit  over  a 500  to  2.S00umicrosecond  delay 

delayed  output  pulse  characteris- 
tic upon  the  circuit  to  which  the 
unit  is  connected.  The  total  unit 
delay  in  microseconds  for  a given 
control  setting  may  be  expressed  as 
D = d + k + m + 107360/  (0  -t-  p) 
where 

d is  the  delay  in  microseconds  due 
to  the  character  of  the  input 
pulse,  the  effect  of  the  output 
pulse  on  the  driven  circuit  and 
the  delay  caused  by  triggering 
characteristics  within  the  circuit 
0 is  the  phase  angle  due  to  sine- 
wave  oscillator  phase  shifter 
p is  the  total  degrees  of  sine-wave 
oscillator  duration  between  second 
and  last  pulses  on  sawtooth,  (see 
Fig.  1 and  6.) 

/ is  the  sine- wave  oscillator  fre- 
quency in  cycles 

k is  the  additional  delay,  positive 
or  negative,  created  by  waveform 
distortion  of  the  initial  cycles  fol- 
lowing triggering  of  the  sine- 
wave  oscillator,  (see  Fig.  2 and  6.) 
m is  the  delay  due  to  errors  in  the 
mechanical  system 

As  shown  in  Fig.  2,  the  oscilla- 
tor output  is  clean  and  harmonic 
free  following  the  initial  time  t, 
and  should  have  a total  harmonic 
distortion  of  less  than  1%.  The 
sharp  wave  front  caused  by  start- 
ing the  sine  wave  creates  a wave- 
form distortion  following  the  auto- 
syn phase  shifter  that  is  not  dissi- 
pated until  after  the  first  two  cycles 
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at  least,  also  shown  in  Fig.  2.  De- 
pending upon  the  adjustment  of 
the  phase  shifter,  the  total  delay 
adjustment  for  delays  less  than  the 
first  two  cycles  will  not  have  correct 
angular  agreement  and  k will  ei- 
ther be  a plus  or  a minus  value. 
A linear  calibration  cannot  be  made 
for  delays  appreciably  less  than 
360  fiaec,  although  the  unit  is 
capable  of  about  a ZQ-fiaec.  mini- 
mum delay.  A variation  in  the 
phase  balance  of  the  90-deg  phase 
shifter  by  a value  of  1 deg  will 
create  an  error  of  ±0.4  /xsec.  For 
delays  extending  beyond  the  region 
of  distortion  shown  in  Fig.  2,  k 
may  be  neglected. 

Design  Limitations 

There  are  some  obvious  limita- 
tions to  the  arrangement  as  de- 
scribed. The  method  requires  a 
very  stable  sine-wave  oscillator  and 
a faithful  sine-wave  phase  shifter.® 
The  method  also  requires  a rigid 
means  of  developing  pulses  from 
the  sine-wave  oscillator  which  are 
phase  locked  to  the  sine-wave  oscil- 
lator. Increasing  the  delay  period 
accentuates  these  requirements. 

A limitation  is  presented  by  the 
maximum  amplitude  of  linear  saw- 
tooth that  may  be  generated.  This 
maximum  amplitude  determines  the 
minimum  sawtooth  pulse  spacing 
which  may  be  accommodated  on 
the  sawtooth  without  danger  of  am- 
biguous pulse  selection.  This  in 
turn  determines  the  frequency  of 
the  sine-wave  oscillator. 

For  the  unit  described  here,  the 
sine-wave  oscillator  operates  at 
8,076.2  cycles  resulting  in  a voltage 
separation  on  the  sawtooth  of  ap- 
proximately 3.5  volts.  This  repre- 
sents a peak  sawtooth  voltage  of 
3.5  X 40  or  140  for  the  maximum 
delay  of  40  pulse  spaces  and  is  the 
condition  for  a delay  of  approxi- 
mately 5,000  ju,sec.  The  delay  is 
readily  accomplished  with  minia- 
ture vacuum  tubes  and  low  supply 
voltages. 

Sine-Wave  Oscillator 

The  sine-wave  oscillator  shown 
in  the  circuit  diagram  is  a pulsed 
Hartley  t3^e.  It  is  rendered  opera- 


tive by  removing  the  impedance  of 
a cathode-follower-tjT)e  clamp  from 
across  its  tank  circuit  as  soon  as  a 
reference  input  pulse  is  applied  to 
the  unit.  The  oscillator  feedback 
network  is  adjusted  to  maintain  a 
sine-wave  oscillation  at  the  peak  di- 
rect voltage  determined  by  the  en- 
ergy stored  in  the  inductance  at  the 
time  of  release.  The  oscillator  is 
made  inoperative  by  replacing  the 
oscillator  clamp  across  it  at  the  end 
of  the  delay  period. 

To  obtain  both  short  and  long- 
term stability  the  oscillator  is  ar- 
ranged to  include  a high-Q  inductor, 
well  shielded  and  rigidly  mounted 
within  a magnetic  shield.  Tem- 
perature compensation  is  provided. 
The  90-deg  phase-shifter  circuit 
is  utilized  primarily  because  it  re- 
quires only  one  R and  one  C and  is 
less  critical  to  adjust. 

The  variable  0 to  360-deg  phase 
shifter  is  the  familiar  autosyn.* 
Many  phase  shifters  of  this  sort 
utilize  a rotating  capacitor.®  By  the 
use  of  the  autosyn,  a low  impedance 
results  at  the  sine-wave  oscillator 
frequency  plus  relatively  high-level 
operation.  These  characteristics 
are  desirable  in  order  to  reduce  the 
total  tube  requirements.  The  phase 
accuracy  of  the  arrangement  can 
be  made  to  be  of  the  order  of  10 
minutes. 

Use  of  the  Multiar 

In  order  to  phase-lock  the  pulses 
to  the  sine-wave  output  of  the  auto- 
syn phase  shifter,  a form  of  mul- 
tiar^  is  used.  The  multiar  has  the 
advantage  of  being  regenerative 
for  voltage  increments  of  one  sign 
and  insensitive  to  those  of  opposite 
sign.  This  creates  a situation 
where,  as  the  sign  of  the  voltage 
changes  through  zero,  the  circuit 
becomes  immediately  operative. 

In  the  multiar  circuit  shown, 
the  conduction  which  triggers 
Vio»  is  obtained  when  the  sine- 
wave  input  is  going  from  positive 
to  negative  with  respect  to  ground. 

The  method  described  performs 
well  enough  to  be  satisfactory.  The 
multiar  output  pulse  drives  a con- 
ventional pulse  generator  which 
functions  to  maintain  both  a con- 


stant level  output  and  a low-impe- 
dance pulse  source  to  feed  the 
pulses  to  the  sawtooth  generator. 

The  sawtooth  generator  utilizes 
a single  feedback  follower  to  pro- 
vide a linear  charging  current  for 
the  sawtooth  capacitor.  The  line- 
arity resulting  is  of  the  order  of 
one-tenth  of  one  percent.  Precision 
resistors  and  capacitors  are  used  in 
the  circuit. 

A triode  may  be  used  instead  of 
a selector  diode.  There  is  a greater 
stability  in  the  cut-off  characteris- 
tics of  a biased  diode  which  reduces 
the  hazards  of  pulse  skipping. 

A second  conventional  parallel- 
triggered  blocking  oscillator  type 
of  pulse  generator  provides  an  out- 
put pulse.  The  pulse  is  shaped  and 
made  available  as  either  a positive 
or  negative  pulse  to  feed  a 90-ohm 
line. 

To  provide  rigid  synchronization 
of  the  triggered  functions  in  the 
circuit,  an  Eccles-Jordan  bistable 
type  of  biased  multivibrator*  is  ren- 
dered conducting  in  one  direction 
by  the  delay  reference  input  pulse. 
This  is  referred  to  as  a gate  cir- 
cuit and  it  remains  conducting  un- 
til one  delay  period  has  been  com- 
pleted. The  output  pulse  resulting 
from  the  delay  function  triggers 
the  Eccles-Jordan  circuit  back  to  its 
original  position  to  await  the  next 
delay  reference  input  pulse.  The 
gate  circuit  control  to  the  sine- 
wave  oscillator  and  sawtooth  is  ac- 
complished by  means  of  a cathode 
follower  to  minimize  loading  effects 
on  the  gate  circuit. 

The  smallest  disturbance  to  any 
part  of  the  circuit  is  likely  to  af- 
fect the  stability  and  hence  the 
accuracy.  Since  in  order  to  operate 
and  calibrate  it  is  necessary  to  ob- 
serve circuit  functions,  two  fol- 
lower tubes  are  built  into  the  unit 
as  nonloading  test  connections. 
The  follower  tubes  allow  examina- 
tion of  the  sawtooth  and  the 
8,076.2-kc  derived  blocking-oscilla- 
tor outnut  pulse. 

Unit  Construction 

The  chassis  is  mounted  in  a tem- 
perature-controlled oven  so  that  all 
thermosensitive  components  asso- 
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dated  with  the  accuracy  of  the  de- 
lay are  kept  at  a constant  tempera- 
ture. To  improve  the  uniformity  of 
component  temperature,  a small  air 
circulator  is  incorporated  within 
the  oven. 

By  utilizing  a counter  and  suit- 
able gearing,  it  is  possible  to  ar- 
range a means  of  directly  reading 
the  delay  period  to  which  the  unit 
is  adjusted.  Accuracy  of  the  read- 
ing depends  upon  the  accuracy  of 
the  gearing  between  the  counter 
indicator  and  the  delay  control 
shaft.  The  accuracy  is  excellent 
with  precision  gearing.  The  error 
curve  for  a 120-)U.sec  section  of  the 
total  delay  range  is  shown  super- 
imposed upon  the  gear  error  in  Fig. 
3.  The  long-period  cyclic  gear  error 
as  indicated  by  the  dotted  line  may 
be  attributed  to  a large  gear  in  the 
mechanical  part  of  the  system. 
The  short-period  cyclic  error  may 
be  attributed  to  a smaller  gear  and 
other  mechanical  errors. 

The  linearity  of  the  unit  as  a 
function  of  the  position  of  the  con- 
trol shaft  is  degraded  by  the  “run 
out”  in  the  gearing  driving  the  in- 
dicator but  is  a minor  factor.  By 
careful  balancing  of  the  90-deg. 
phase  shifter,  the  measured  results 


shown  in  Fig.  6 may  be  obtained. 
Here,  the  gear-train  error  becomes 
predominant. 

Remote  Control 

The  unit  may  be  operated  re- 
motely by  a servo  system  compris- 
ing a coarse  and  fine  autosyn  sys- 
tem which  is  designed  as  an 
integral  part  of  the  unit.  The  er- 
ror curve  of  Fig.  3 does  not  take 
into  account  the  errors  in  the  servo 
system.  These  errors  must  be  added 
algebraically  to  the  results  obtained 
with  direct  control  of  the  unit. 

Units  of  the  type  described  are 
applicable  in  radar  ranging,  naviga- 
tion, propagation  studies,  coding, 
and  other  similar  techniques.  A 
novel  application  is  the  use  of  two 
such  units  to  trigger  each  other 
to  form  a very  stable  pulse  genera- 
tor as  shown  in  Fig.  4.  In  this 
arrangement  the  pulse  output 
period  is  equal  to  + D,  and  may 
be  varied  by  changing  the  period 
of  either  or  both  of  the  delays.  It 
is  necessary  to  start  the  action  by 
causing  either  of  the  units  to  gen- 
erate a pulse.  If  either  of  the  units 
fail  to  deliver  a pulse,  the  oscilla- 
tion ceases.  The  probability  of  fail- 


ure during  normal  operation  is  so 
remote  as  to  be  insignificant. 

The  successful  development  of 
the  unit  described  is  due  to  the  con- 
tributing efforts  of  H.  A.  Straus, 
J.  M.  Miller,  Jr.,  C.  G.  McMullen, 
E.  C.  Nunn,  E.  L.  Gray,  W.  G. 
Chenoweth  and  G.  M.  Trinite. 
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Improved  Ultrasonic  Delay  Lines 

Forged  magnesium-alloy  delay  lines  developed  as  memory  devices  have  bandwidths  as 
great  as  4 me  at  a carrier  frecpiency  of  10  me.  The  attenuation  is  the  least  so  far  availcd)le 
in  practical  lines.  Special  clamping  of  S-cut  ADP  crystal  transducers  is  described 
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The  ultrasonic  delay  line  is  a 
device  developed  during  World 
War  II  to  store  intelligence  for 
periods  of  several  milliseconds  and 
is  now  used  in  high-speed  digital 
computers  and  other  devices. 

The  construction  and  operation 
of  a typical  delay  line  is  shown  in 
Fig.  1.  The  crystals  have  a resonant 
frequency  in  the  range  of  10  to  30 
me.  The  intelligence  to  be  stored 
modulates  the  carrier  frequency. 


The  first  delay  lines  used  employed 
liquids  as  transmitting  media,  but 
the  many  disadvantages  of  liquids 
caused  a search  to  be  made  for  a 
suitable  solid. 

During  the  war  much  effort  was 
spent  in  finding  solids  with  low  ul- 
trasonic absorption  for  use  in  con- 
structing ultrasonic  delay  lines.  An 
account  of  this  work,  and  the  solid 
delay  lines  constructed,  are  to  be 
found  in  the  report  of  D.  L.  Aren- 


berg*.  A complete  bibliography  of 
previous  work  is  also  given  in  hia 
report. 

At  the  end  of  the  war,  Arenberg’s 
conclusions  were  that  fused  quartz 
offered  the  best  transmission  quali- 
ties of  any  known  substance,  but 
that  the  length  of  delay  was  limited 
by  the  size  of  the  blanks  available. 
It  was  also  difficult  to  machine  prop- 
erly, and  great  angular  accuracy  of 
the  reflecting  faces  was  necessary  to 
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prevent  the  generation  of  spurious 
signals  resulting  from  inaccuracies. 

Single  crystals  showed  good  ul- 
trasonic transmission,  but  when 
polycrystalline  media  such  as  steel, 
tungsten,  fine-grained  aluminum 
and  magnesium  were  tried,  their 
absorption  was  too  high  for  delay- 
line purposes.  Magnesium  alloys 
were  not  considered  at  that  time. 

The  Delay  Medium 

The  objective  of  our  investiga- 
tions was  to  find  a medium  from 
which  lines  having  3 milliseconds 
or  more  delay  could  be  constructed, 
operating  at  a carrier  frequency  of 
10  me  or  higher,  and  having  a band- 
width greater  than  2 me.  At  the 
time  these  studies  were  initiated, 
there  was  no  solid  that  would  give 
this  performance.  Fused  quartz 
was  acceptable,  except  that  2,000 
[jLsec  was  the  longest  delay  obtain- 
able without  strong  spurious  sig- 
nals. 

Many  materials  were  tested  to  de- 


TRANSMITTING  CRYSTAL  RECEIVING  CRYSTAL 

ATTACHED  TO  DELAY  LINE  ATTACHED  TO  DELAY 


FIG.  1 — Elementary  delay  line,  showing 
how  signal  is  transmitted  by  input  trans- 
ducer and  delayed  output  having  some 
waveform  is  received 


FIG.  2 — Successive  onneoUngs  at  increas- 
ing temperatures  chonge  the  attenuation 


termine  their  suitability.  Some  re- 
sults are  shown  in  Table  I.  The 
velocity  measurements  were  taken 


with  a Sperry  Refiectoscope  at  a fre- 
quency of  10  me. 

To  determine  whether  the  atten- 
uation was  low  enough  in  the  metal, 
test  lines  having  about  500-[ji,sec  de- 
lay were  constructed  and  the  losses 
in  the  crystals  and  medium  meas- 
ured. In  all  measurements  taken. 


mismatch  and  cement  losses  were  of 
the  order  of  30  db. 

This  attenuation  was  sufficient  to 
reject  all  materials  listed  in  Table  I 
except  fused  quartz  and  the  mag- 
nesium alloys  0-1,  J-1  and  FS-1. 
These  materials  were  far  superior 
to  any  of  the  others,  the  transmis- 
sion being  best  in  the  order  named. 
For  example,  a J-1  delay  line,  delay 
397  fisec,  at  carrier  of  10  me  had  an 
attenuation  of  40  db;  and  an  FS-1 
delay  line,  970  jisec,  at  10  me,  had 
an  attenuation  of  50  db.  These 
measurements  were  made  with 
1,500-ohm  resistors  and  a resonant 
coil  shunting  the  crystals.  The 
shear  mode  was  used  in  both  cases, 
with  the  crystals  cemented  to  the 
magnesium  alloy.  No  end  cells  were 
used.  Other  examples  include  a 
straight  rod  of  0-1  alloy,  delay  329 
[xsec,  with  attenuation  of  35  db 
when  untreated.  After  heat  treat- 
ment at  450  F,  the  attenuation  was 
30  db,  and  the  pulse  shape  im- 
proved. A straight  rod  of  FS-1 
alloy,  with  a delay  of  330  [xsec,  had 
an  attenuation  untreated  of  38  db; 
upon  treatment  at  450  F attenua- 
tion dropped  to  32  db,  with  im- 
proved pulse  shape. 

The  next  series  of  tests  was  made 


using  rods  bent  into  the  shape  of  a 
U.  Three  rods  of  J-1,  FS-1,  and 
0-1  were  heated  to  400  F and  bent. 
Before  heat  treatment  the  attenua- 
tions at  10  me  were  FS-1,  67  db; 
0-1,  47  db;  and  J-1,  75  db. 

The  rods  were  then  heat  treated 
and  tested  after  the  temperature 


was  raised  in  steps.  The  results 
are  shown  in  Fig.  2.  If  plots  had 
been  made  at  lower  temperatures 
minima  could  have  been  found  for 
0-1  (C)  and  J-1  (A)  also. 

To  determine  these  minima,  read- 
ings were  taken  on  two  other 
samples  of  J-1  (D)  and  FS-1  (E). 
These  curves  are  also  plotted  in  Fig. 

2.  There  is  little  agreement  in 
these  curves.  It  seems  that  500  F 
is  a good  annealing  temperature, 
but  the  results  vary  too  much  in  the 
two  samples  to  arrive  at  any  gen- 
eral conclusion.  The  composition  of 
commercial  alloys  is  not  constant 
enough  to  determine  the  best  heat 
treatment.  Laboratory  samples  of 
these  alloys  will  probably  give  con- 
sistent results. 

As  an  illustration  of  the  great 
variation  in  transmission  proper- 
ties, one  long  rod  tested  showed  a 
signal  internally  reflected  several 
times  that  was  delayed  4,950  [isec, 
with  an  attenuation  47  db  below  the 
input  pulse.  But  in  the  compact, 

folded  confierurations  used  in  these 
experiments,  1,600  [i.sec  is  the  upper 

limit  that  can  be  relied  upon  using 
commercial  alloys.  Two  of  the  con- 
figurations used  are  shown  in  Fig. 

3. 

Another  type  of  treatment  to  im- 


FIG.  3 — Two  oi  the  experimental  folded  forms  of  delay  lines  used.  Various  con- 
formations were  tried  in  developing  compact  xmits 
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prove  transmission  in  magnesium 
and  the  alloys  mentioned  above  was 
hot  forging  with  a drop  hammer 
forge.  The  pressure  used  was  ap- 
proximately 5 tons  per  square  inch. 

The  first  sample  treated  by  forg- 
ing was  a billet  of  pure  magnesium 
10  centimeters  long.  The  results 
obtained  are  illustrated  in  Fig.  4, 
the  transmitted  pulse  being  shown 
at  4A.  Before  forging,  the  signal 
could  not  be  seen,  placing  the  atten- 


FIG.  5 — A 1-microsecond  10-mc  pulse,  at  left,  and  the  corresponding  received  pulse 
through  a magnesium  delay  line  using  cemented-quartz  AC-cut  transducers 


FIG.  4 — Change  in  transmission  character- 
istics after  successive  forgings.  The 
transmitted  pulse  is  shown  at  (A).  See 
text  for  explanation  of  (B),  (C)  and  (D) 


nation  above  90  db.  After  the  first 
forging  at  550  F,  and  heat  treat- 
ment, the  attenuation  was  61  db, 
with  a change  in  wave  shape  as 
shown  at  4B.  After  the  second  forg- 
ing the  received  pulse  was  down  68 
db  as  at  4C.  The  third  forging,  not 
illustrated,  showed  an  increase  in 
attenuation  but  a somewhat  better 
pulse  response.  The  fourth  forging, 
at  500  F,  showed  marked  improve- 
ment in  pulse  response  with  attenu- 
ation at  61  db,  as  indicated  in  4D. 

Before  treatment  the  grain  size 
of  the  magnesium  was  small  and 
very  jumbled.  After  the  final  forg- 
ing, the  grain  size  was  larger,  and 
more  orderly  in  arrangement.  The 
amount  of  inclusion  was  not 
changed. 

A sample  of  J-1  alloy  was  also 
forged  that  had  good  transmission, 
but  poor  pulse  reproduction.  After 
passing  through  the  same  treat- 
ment as  the  pure  magnesium,  the 
pulse  reproduction  was  much  im- 
proved. 

Upon  microscopic  examination, 
the  grain  size  proved  to  be  un- 
changed after  forging,  being 
smaller  than  the  pure  forged  mag- 
nesium. The  compound  was  more 
evenly  distributed  between  grains 
after  forging.  The  sample  had  an 
attenuation  of  38  db,  and  was  10 
centimeters  long. 

In  addition  to  the  transmission 
and  pulse  fidelity  of  the  medium, 
the  change  of  delay  time  of  the  sig- 
nal with  temperature  is  of  impor- 
tance in  using  these  devices.  This 
condition  was  measured  by  mount- 
ing a delay  line  made  of  FS-1  alloy 
10  inches  long  inside  an  oven  and 
the  change  in  delay  time  measured. 
The  change  in  delay  time  with  tem- 


perature proved  to  be  linear,  and 
the  total  delay  time  for  a sample  of 
length  L is  given  by 

= L (8.34  + 0.002ir) 

T being  the  temperature  in  degrees 
centigrade,  and  8.34  being  the  delay 
per  inch  at  0 C. 

In  Report  745,  Radiation  Lab., 
MIT,  Jacobson  obtained  for  a mer- 
cury delay  line. 

D„,  = L (17.42  + 0.0052r) 
where  the  symbols  have  the  same 
meaning  as  before.  From  these  re- 
lations the  temperature  coefficient 
of  delay  of  mercury  is  2.99  x 10'^ 
sec  per  sec  per  deg  C while  for 
FS-1  alloy  it  is  2.52  x 10'^  sec  per 
sec  per  deg  C.  The  coefficient  for 
mercury  is  18.7  percent  greater 
than  that  of  FS-1  alloy. 

The  shear  mode  of  vibration  was 
found  to  be  the  best  type  for  solid 
delay-line  application.  Since  the 
bars  used  were  many  wavelengths 
wide,  there  was  no  velocity  dis- 
persion present  in  the  bar.  The  use 
of  the  shear  mode  has  the  advan- 
tages of  less  spreading  of  the  sound 
beam  in  the  medium,  decreased 
velocity  of  propagation,  and  a no- 
ticeable improvement  in  signal-to- 
noise  ratio  of  the  delay  line. 

Shear  Crystals 

Since  the  shear  mode  gives  a po- 
larized wave,  only  a portion  of  the 
noise  originating  in  the  medium 
affects  the  receiving  crystal.  The 
computed  gain  in  signal-to-noise 
ratio  over  the  compressional  mode 
is  4.97  db. 

These  advantages  have  been  real- 
ized in  practice,  and  use  of  the 
longitudinal  mode  has  been  discon- 
tinued in  solid  delay  lines. 

The  first  delay  lines  constructed 
using  magnesium  alloys  used  AC- 
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cut  quartz  crystals  as  transducers. 
The  crystal  capacitance  was  tuned 
out  with  an  inductance,  and  the  re- 
sulting resonant  circuit  loaded  with 
a 1,500-ohm  resistor  to  improve  the 
response.  The  crystals  were  ce- 
mented to  the  magnesium  alloy  with 
a thin  film  of  phenyl  benzoate, 
which  is  applied  melted  and  cools  to 
form  an  adherent  layer. 

Bandwidth  of  Lines 

Although  the  attenuation  in  these 
delay  lines  was  low,  a measurement 
of  the  response  showed  the  band- 
width to  be  0.8  me  at  a carrier  fre- 
quency of  10  me.  This  is  entirely 
inadequate  for  many  applications  of 
the  device. 

Since  the  typical  pulse  response 
of  the  delay  line,  shown  in  Fig.  5, 
was  not  satisfactory,  it  appeared 
that  this  might  be  improved  by  a 
different  choice  of  crystal.  Accord- 
ing to  the  current  theory  used  in 
delay  'line  design,*’®'^  for  optimum 
bandwidth  the  ratio  of  the  acoustic 
impedances  of  the  magnesium  to 
the  crystal  should  be  equal  to  the 
square  root  of  2.  The  crystal  should 
have  a high  dielectric  constant  and 
a high  piezoelectric  constant  for 
good  coupling  of  energy  into  the 
medium. 

The  crystal  chosen  was  S-Cut 
ADP  (Ammonium  Dihydrog^ 

♦ Swann®  shows  that  the  acoustic  output 
is  theoretically  a nonlinear  function  of 
applied  emf,  and  that  the  relative  promi- 
nence of  harmonics  increases  with  acoustic 
loading. 


Phosphate,  NHiHjPO*)  which  is 
nearly  ideal  from  these  considera- 
tions. Its  constants  are:  piezoelec- 
tric constant,  24  X 10'“  cm  per  volt ; 
sound  velocity  in  crystal,  2.02  x 10® 
cm  per  sec ; acoustic  impedance,  3.6 
X 10®  acoustic  ohms;  dielectric  con- 


stant, = hh;  = 14.5. 

This  cut  is  derived  from  Z-cut  by 
rotation  about  the  X axis,  45  deg  off 
the  Y axis,  and  vibrates  in  thick- 
ness shear. 

The  thickness  constant  for  this 
crystal  is  fairly  small,  and  blanks 
were  available  at  a resonant  fre- 
quency of  1 me.  To  operate  at  10 
me,  the  1-mc  blank  was  cemented  to 
the  magnesium,  as  in  the  case  of 
the  quartz  crystal,  and  then  lapped 
down  in  a special  jig  to  the  required 
frequency.  There  was  considerable 
improvement  over  quartz,  but  the 
results  were  still  inadequate. 

The  results  are  shown  in  Fig.  6. 
From  the  rise  time  of  the  delayed 
pulse,  the  estimated  response  is  seen 
to  be  somewhat  greater  than  1.2  me. 


This  is  not  considered  adequate  ex- 
cept for  fairly  wide  pulses. 

It  was  apparent  that  the  band- 
width obtained  was  much  less  than 
that  predictable  using  existing  the- 
ories— both  in  the  case  of  quartz 
and  ADP  crystals.  While  there  is 


good  reason  to  question  the  ade- 
quacy of  the  existing  theories  de- 
scribing the  bandwidth  of  loaded 
piezoelectric  crystals  when  the  load- 
ing is  as  heavy  as  occurs  in  delay 
lines,*  it  was  also  felt  that  the  effec- 
tiveness of  the  cement  bond  might 
be  a limiting  factor  in  the  obtain- 
able bandwidth. 

Mason  and  MeSkimin®  show  that 
slippage  due  to  poor  bonding  be- 
tween the  crystal  and  delay  line  can 
be  considered  as  a shunt  capaci- 
tance across  the  delay  line.  In  the 
equivalent  circuit  they  use  for  illus- 
tration it  is  obvious  how  improper 
bonding  limits  the  bandwidth  of  a 
delay  line.  Since  a wide  bandwidth 
is  required  in  the  storage  of  narrow 
pulses  it  became  evident  that  radi- 


FIG.  6 — A 1.5-microsecond  10-mc  pulse,  at  lelt,  and  the  pulse  received  alter  a delay 
oi  225  microseconds,  using  S-cut  ADP  crystal  transducers 


Table  I — Characteristics  of  Delay-Line  Materials 


p 

Vl 

Vt 

Vr 

E 

(grams 

(cm  per  sec 

(cm  per  sec 

(cm  per  sec 

(dynes  per  sq  cm 

Material 

per  cu  cm) 

X m 

X m 

X m 

<T 

X 

FS-1  Extruded  Magnesium . . 

1.690  ±0.020 

5.473±0.012 

3.030±0.013 

2.800 

0.279  ±0.004 

3.07±0.19 

J-1  Extruded  Magnesium . . . 

1.700  ±0.030 

5.673±0.013 

3.010±0.013 

2.793 

0.304  ±0.004 

4.02±0.19 

AM3S  Magnesium 

1.735  ±0.002 

5.787  ±0.029 

3.095±0.015 

2.870 

0.300  ±0.006 

4.32  ±0.07 

M-Extruded  Magnesium 

1.750±0.010 

5.758±0.011 

3.092±0.010 

2.866 

0.297  ±0.002 

4.34  ±0.05 

0-1  Extruded  Magnesium . . . 

1.817±0.002 

5.800  ±0.029 

3.041  ±0.015 

2.825 

0.310  ±0.005 

4.40  ±0.06 

Fused  Quartz 

2.198  ±0.004 

5.926  ±0.030 

3.751  ±0.019 

3.395 

0.166  ±0.006 

7.30±0.12 

Pyrex 

2.226  ±0.001 

5.574±0.028 

3.436  ±0.017 

3.127 

0.194±0.010 

6.27±0.12 

Plate  Glass 

2.510  ±0.010 

5.769  ±0.029 

3.426  ±0.017 

3.137 

0.227  ±0.008 

7.32±0.14 

2SO  Aluminum 

2.713  ±0.005 

6.349  ±0.032 

3.105  ±0.016 

2.900 

0.343  ±0.004 

7.02±0.10 

Molybdenum 

10.09  ±0.03 

6.286  ±0.031 

3.348  ±0.016 

3.106 

0.302  ±0.004 

29.4±0.5 

Tungsten 

19.25  ±0.01 

5.183  ±0.026 

2.873  ±0.014 

2.654 

0.278  ±0.006 

40.6  ±0.6 

p = density 

Vr  = Rayleigh  wave  velocity  (computed 

from  Vl  and  Vt  in  this  table) 

Vl  = longitudinal  velocity  a-  = Poisson’s  ratio 

Vt  = transverse  velocity  E = Young’s  modulus 

Vl  and  Vt  correspond  to  those  computed  using  the  bulk  modulus  of  elasticity 
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FIG,  7 Improved  method  of  pressure-mounting  a quartz  crystal  to  a solid  delay  line 


cal  changes  would  have  to  be  made 
in  order  to  remove  the  limitations 
of  solid  delay  lines  using  cemented 
crystals.  Efforts  made  in  this  di- 
rection resulted  in’  the  development 
of  a pressure  mounted  crystal  with 
which  control  of  the  bonding  be- 
tween the  crystal  and  the  delay  line 
is  secured  by  varying  the  pressure 
applied  to  the  crystal  through  a 
pressure  block.  This  pressure  block 
has  the  additional  function  of  ab- 
sorbing spurious  reflections.  A 
further  result  of  the  development  of 
pressure-mounted  crystals  was  ex- 
treme ruggedness  and  resistance  to 
changes  due  to  elevated  tempera- 
tures. 

Figure  7 shows  the  possible  de- 
sign of  a pressure-mounted  crystal 
which,  while  mechanically  simpler 
than  designs  actually  used,  indi- 
cates clearly  the  function  of  the 
various  parts.  Using  pressure- 
mounting methods  similar  to  that 
illustrated,  it  was  found  that  the 
acoustic  response  of  the  delay  line 
was  as  great  as  62.5  percent.  This 
measurement  was  made  using  r-f 
modulated  by  400  cycles  and  tuning 
out  the  shunt  crystal  capacitance  as 
the  r-f  frequency  was  varied.  This 
bandwidth  was  considerably  greater 
than  could  be  obtained  in  practice 
due  to  limitations  imposed  by  the 
purely  electrical  characteristics  of 
the  delay  line. 

The  receiving  end  of  a delay  line 
with  the  necessary  attached  circuit 
elements  is  shown  in  Fig.  8.  Shunt 


capacitance  of  the  crystal  and  any 
necessary  stray  capacitance  is  de- 
noted by  Co.  A tuning  coil  L is  used 
to  tune  out  Co  at  the  carrier  fre- 
quency used.  The  resistance  R is 
used  to  broaden  the  frequency  re- 
sponse of  L and  Co  in  parallel.  In 
practice,  R cannot  usually  be  made 
much  smaller  than  500  ohms. 

In  Fig.  8,  curve  A typifies  the 
acoustic  response  of  the  delay  line- 
crystal  combination,  B the  fre- 
quency response  of  the  parallel  Co, 
L,  and  R combination  and  curve  C 
typifies  the  overall  frequency  re- 
sponse of  the  delay  line  in  conjunc- 
tion with  the  necessary  electrical 
circuit  elements.  Although  these 
curves  are  not  drawn  to  scale,  they 
show  that  with  clamped  crystals  the 
overall  bandwidth  is  now  limited  by 


the  electrical  circuits  that  must  be 
used  at  the  terminations  of  the  line. 

An  arrangement  used  to  broaden 
the  overall  frequency  response  of  a 
delay  line  is  indicated  in  Fig.  9.  It 
will  be4ioted  that  the  hot  electrode 
of  the  crystal  is  now  divided  and 
that  each  division  is  separately 
tuned  and  damped.  In  the  illustra- 
tion the  signals  applied  to  the  two 
grids  of  the  tube  are  mixed  elec- 
tronically and  the  amplified  result- 
ant appears  at  the  plates  of  the 
tube.  This  output  is  depicted  by 
curve  C in  Fig.  9.  Curve  A is  the 
same  as  that  in  Fig.  8 and  the  two 
curves  B are  the  responses  appear- 
ing at  the  two  grids  of  the  mixer. 
In  practice,  as  many  as  four  sub- 
divisions of  the  hot  electrode  of  the 
crystal  have  been  used.  Overall  re- 


FIG.  8 — Output  circuit  and  characteristic  curves  for  a delay  line 
using  conventional  electrodes 


FIG.  9 — Divided-electrode  output  circuit  ond  delay-line 
characteristics 
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sponses  curresponding  to  curve  C 
of  Fig.  9 and  as  wide  as  4 me  have 
been  attained  working  at  a carrier 
frequency  of  10  me,  using  two  sub- 
divisions of  the  hot  electrode.  Cir- 
cuit arrangements  similar  to  those 
in  Fig.  8 and  9 are  used  at  the 
input  of  delay  lines.  By  careful  use 
of  this  method  the  overall  band- 
width of  the  delay  line  may  be  made 
to  approach  its  acoustical  response. 
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Radar 


A COMBINATION  impulse  generator 
and  electronic  switch  for  testing 
radar  component  networks  was  de- 
scribed by  T.  R.  Finch  of  Bell  Tele- 
phone Laboratories  at  the  1949  IRE 
National  Convention.  This  test 
facility  may  be  used  to  test  any  net- 
work that  can  be  arranged  to  store 
a d-c  charge,  such  as  delay  and 
pulse-forming  networks  with  delay, 
pulse  duration  and  response  rise 
time  in  the  range  of  0.04  to  20 
microseconds. 

The  test  circuit  was  developed  to 
reduce  the  time  required  for  pro- 
duction testing  of  wide-band  pulse 
and  video  networks  and  to  facilitate 
the  development  of  new  networks  by 
providing  the  design  engineer  with 
a laboratory  tool  that  presents  in- 
stantaneously and  visually  the  net- 
work characteristics  of  interest. 

Special  Features 

The  impulse  generator-electronic 
switch  is  distinguished  from 
commercially  available  electronic 
switches  by  the  following  features : 

(1)  It  provides  an  impulse  gen- 
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sweep  circuit.  Thus  switching  syn- 
chronization and  adjustment  is  un- 
necessary. 

Operation  of  Circuit 

The  accompanying  block  diagram 
illustrates  the  basic  circuit  per- 
formance. The  impulse  generator 
is  so  arranged  that  the  standard 
network  and  the  network  under  test 
can  be  discharged  simultaneously 
through  the  contacts  of  a reed-type 
mercury-wetted  relay  operated 
from  a 240-cps  sine-wave  source 
giving  480  closures  per  second. 
When  the  contacts  are  open,  the  net- 
works are  charged  through  a resist- 
ance to  a potential  of  approximately 
—50  volts.  When  the  contacts  close, 
the  two  networks  discharge  and  a 
rising  voltage  is  simultaneously  ap- 
plied to  the  inverter.  From  this 
impulse  generator  the  transient 
characteristics  of  the  networks  are 
derived. 

The  four  amplifier  stages  com- 
prise a switching  circuit  that  serves 
to  commutate  signals  characteristic 
of  the  networks  under  test,  so  that 


Delay  Network  Tester 
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first  one  signal  and  then  the  other  is 
impressed  on  the  screen  of  the  cro, 
at  a sufliciently  high  rate  of  switch- 
ing that  both  characteristics  seem 


Block  diogrom  of  tester 


to  appear  simultaneously. 

The  sweep  circuit  merely  pro- 
vides the  time  scale  for  the  plot  that 
appears  on  the  cro  screen. 

Switching  Action 

The  clipper  amplifiers  receive 


240-cycJe  input  voltages  from  the 
oscillator,  one  180  degrees  out  of 
phase  with  the  other,  and  convert 
these  into  square  waves  180  degrees 
out  of  phase.  These  square  waves 
are  locked  with  the  frequency  of 
relay  contact  closures  since  both  are 
driven  from  the  same  oscillator. 
However,  the  contacts  make  two 
closures  per  square  wave  cycle  and 
are  approximately  J90  degrees  out 
of  phase  with  the  leading  edge  of 
each  square  wave. 

The  spiked  pulse  signals  gener- 
ated in  the  impulse  generator  by  the 
networks  under  test  are  applied 
through  gain  controls  to  the  control 
grids  of  the  gated  amplifier  tubes, 
while  the  square-wave  voltages  of 
the  clipper  amplifiers  are  applied 
to  the  screen-grids  of  these  tubes. 
With  125-volt  square-wave  ampli- 
tudes with  respect  to  ground  and  a 
100- volt  positive  d-c  bias  on  the 
screen  grids,  the  screen  voltages 
alternate  between  -1-225  and  —25 
volts  with  reference  to  ground.  The 
gated  amplifier  tubes  are  normally 
cathode-biased  so  that  with  no  sig- 
nal on  the  control  grids  and  -f225 
volts  on  the  screens  only  a small 
amount  of  plate  current  flows  and 


very  little  screen  current.  When 
the  signal  pulses  appear  simultane- 
ously on  the  respective  control 
grids,  the  screen  of  one  tube  will  be 
-f-225  volts  and  the  other  —25  volts 
hence  one  tube  will  conduct  and  the 
other  will  be  blocked.  Due  to  the 
phase  relationship  of  the  screen 
voltage  ( 180  degrees  out  of  phase) , 
the  signal  voltages  are  interlaced 
in  the  common  plate  circuit  as  first 
one  signal  is  amplified  and  then  the 
other.  Thus,  each  signal  appears 
at  the  rate  of  240  pulses  per  second 
on  the  screen. 

The  start-stop  sweep  circuit  is 
initiated  at  the  same  time  that  the 
signal  pulses  are  generated.  Since 
it  requires  approximately  0.2  micro- 
second to  produce  the  linear  sweep 
voltage,  a wide-band  delay  network 
is  inserted  in  the  common  plate  cir- 
cuit of  the  gated  amplifier  tubes 
to  provide  0.5  microsecond  delay  so 
that  complete  pulse  patterns  are 
shown. 

For  most  conditions  of  operation, 
the  intensity  control  on  the  cro  is 
set  so  that  there  is  no  visible  spot 
on  the  screen,  and  intensity  voltage 
is  provided  by  a 6AC7  in  the  in- 
tensifier  stage  only  during  the 
sweep  interval. 


Radar  Range  Calibrator 


Design  of  an  instrument  for  calibrating  in  production  the  concentric  rings  of  a ppi 
indicator  used  for  estimating  distance.  Range  ring  pulses  generated  in  the  radar  are  com- 
pared on  a triggered  oscilloscope  with  spaced  pulses  from  a crystal-controlled  calibrator 


Radar  equipments  utilizing  the 
plan  position  indicator  (ppi) 
type  of  visual  presentation  have 
superimposed  upon  the  polar  dia- 
gram a series  of  concentric  circles 
or  range  rings  which  enable  range 
estimations  to  be  made  to  particu- 
lar targets  of  interest.  Depending 
upon  the  range  scale  in  use,  these 
rings  are  generally  spaced  0.5,  1.0, 
5.0,  or  10  statute  or  nautical  miles 
apart.  Those  objects  which  appear 


By  ROBERT  L ROD 

on  the  ppi  between  range  rings  may 
be  fixed  in  range  by  interpolation. 
In  order  to  insure  the  maximum  in 
accuracy,  the  indicated  distance  to 
any  ring  as  measured  from  the  cen- 
ter of  the  cathode-ray  tube,  or  zero 
range,  is  maintained  well  within 
one  percent  of  the  true  range. 

Range  ring  pulses,  which  inten- 
sity-modulate  the  ppi  tube  to  form 
the  rings,  are  generally  formed  by 
squaring  the  output  of  a shock- 


excited  ringing  oscillator  by  means 
of  several  amplifiers  and  differenti- 
ation of  the  resultant  square  wave. 
By  correct  choice  of  parallel  res- 
onant oscillator  circuit  components, 
the  period  of  sine-wave  output  is 
made  equal  to  the  desired  time  in- 
terval between  successive  range 
rings.  In  production  testing  of 
radars  it  is  necessary  to  utilize  a 
simple  and  rapid  system  for  pre- 
cisely tuning  the  resonant  circuit 
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to  the  correct  frequency. 

Applications 

The  test  instrument  to  be  de- 
scribed permits  range  ring  pulses 
generated  in  the  radar  to  be  com- 
pared with  spaced  pulses  generated 
by  a highly  accurate  calibrator. 
Thus,  when  the  radar  range  ring 
pulses  are  in  exact  time  coincidence 
with  those  obtained  from  the  cali- 
brator, the  slug-tuned  inductance  in 
the  radar  range  ring  generator  that 
determines  the  resonant  frequency 
of  the  ringing  is  precisely  adjusted. 
A standard  triggered-sweep  oscil- 
loscope is  used  for  making  the  nec- 
essary visual  comparison  checks. 

The  range  calibrator  may  be  con- 
veniently used  with  any  radar  sys- 
tem that  can  be  locked  in  synchron- 
ism with  some  submultiple  of  the 
test  instrument’s  nautical  or  stat- 
ute mile  fundamental  frequency  of 
either  80,86  or  93.12  kilocycles.  Ra- 
dars utilizing  free-running  multi- 
vibrators or  blocking  oscillators  to 
establish  their  pulse  recurrence  fre- 
quencies (prf)  may  be  locked  in 
step  with  the  calibrator  without 
altering  repetition  rates  by  more 
than  a few  hundred  cycles  during 
the  calibration  period.  When  both 
the  radar  and  the  calibrator  are 
locked  in  synchronism,  it  is  possi- 


ble to  align  fixed  and  variable  range 
rings  as  well  as  to  measure  the  time 
duration  of  various  waveforms 
throughout  the  radar.  By  modu- 
lating the  Z-axis  of  a triggered  os- 
cilloscope with  the  calibrator  pulses, 
a waveform  under  observation  will 
be  intensity-modulated  by  a series 
of  dots  spaced  one  or  five  miles 
apart,  selected  at  will.  Time  inter- 
vals can  then  be  accurately  meas- 
ured with  a minimum  of  difficulty. 

Systems  used  to  generate  range 
ring  pulses  are  described  in  the 
literature.  However,  it  is  well  to 
review  one  common  type  briefly.  In 
Fig.  1,  a typical  circuit  is  shown 
wherein  a pulsed  ringing  oscillator 
produces  a damped  sine  wave.  The 
period  of  the  sine  wave  is  made 
equal  to  the  desired  time  interval 
between  the  range  ring  pulses 
which  are  developed  by  the  follow- 
ing squaring,  differentiating  and 
blocking  oscillator  circuits.  By  the 
use  of  a reasonably  high-Q  reason- 
ant  circuit  in  the  cathode  of  the 
ringing  oscillator,  it  is  possible  to 
produce  five  or  more  usable  cycles 
having,  for  example,  a period  of 
five  nautical  miles,  or  62.4  micro- 
seconds, between  successive  cycles. 
By  center-tapping  the  inductance 
and  adding  a feedback  triode,  the 
oscillator  can  be  made  to  have  con- 


stant amplitude  output  for  each 
cycle  during  the  ringing  time.^  Suf- 
ficient amplification  following  the 
damped  ringing  oscillator  will  pro- 
duce a practically  perfect  square 
wave. 

Range  ring  oscillators  of  this  type 
oscillate  only  during  the  application 
of  a large  negative  square  wave  to 
the  grid  of  a normally  conducting 
tube.  The  abrupt  cutoff  of  plate  cur- 
rent flowing  through  the  triode  and 
the  associated  cathode  inductance  at 
the  onset  of  the  negative  gate 
causes  the  parallel  resonant  LC  cir- 
cuit to  oscillate.  Since  the  onset  of 
the  gate  pulse  to  the  ringing  oscil- 
lator stage  is  made  to  coincide  with 
the  pulsing  instant  of  the  radar 
transmitter,  the  time  interval  elaps- 
ing while  the  radio-frequency  pulse 
travels  out  to  a target  and  thence 
back  as  an  echo  can  be  compared 
on  the  ppi  with  the  interval  between 
successive  range  rings. 

Accuracy 

Neglecting  such  factors  as  the 
linearity  of  the  ppi  sweep,  accu- 
racy of  the  range  rings  is  depend- 
ent upon  the  following  factors: 

(A)  The  resonant  frequency  of 
the  ringing  oscillator. 

(B)  The  degree  of  amplification 
following  the  pulsed  oscillator. 


FIG.  1 — Typical  radar  range  ring  pulse  generator  and  voltage  waveforms  produced  at  the  various  stages 
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(C)  The  leading  edge  fall  time 
of  the  negative  gate  used  to  ring 
the  oscillator. 

(D)  The  preciseness  of  all  tim- 
ing sequences  throughout  the  ra- 
dar system,  generally  known  as 
system  time  delay. 

It  is  the  purpose  of  this  paper  to 
deal  with  an  extremely  accurate 
method  for  adjusting  the  resonant 
frequency,  A,  of  the  ringing  oscil- 
lator. Factors  B,  C,  and  D may  be 
accounted  for  by  careful  design  so 
the  end  result  will  be  the  produc- 
tion of  pulses  coinciding  with  both 
the  radio-frequency  transmitted 
pulse  and  the  start  of  the  ringing, 
and  the  following  2w,  47c,  6n,  and 
so  on,  points  of  the  sine  wave. 

Inasmuch  as  the  ringing  oscil- 
lator is  pulsed  but  part  of  the  time, 
a direct  comparison  between  the 
damped  sine-wave  frequency  and  a 
known  frequency  standard  is  cum- 
bersome unless  some  provision  is 
made  for  phasing  and  synchroniz- 
ing the  two  waveforms.  It  is  also 
impractical  and  inaccurate  to  pre- 
set the  slug-tuned  inductance 
against  its  particular  capacitor  out- 
side the  chassis  by  methods  nor- 
mally used  for  adjusting  resonant 
circuits. 

A practical  device  for  calibrating 
range  ring  pulses  is  the  instrument 


shown  in  Fig.  2 as  a block  diagram. 
Functionally,  the  range  calibrator 
delivers  a continuous  series  of 
sharp  negative  calibration  pulses 
spaced  either  one  or  five  miles 
apart,  and  a simultaneous  series  of 
negative  synchronizing  pulses  oc- 
curring at  a repetition  rate  one- 
fifth  the  frequency  of  the  precision 
crystal  oscillator.  The  synchroniz- 
ing pulses  are  used  in  one  applica- 
tion to  lock  a free-running  radar 
master  multivibrator  into  step  with 
the  sequence  of  operations  occur- 
ring in  the  calibrator.  Thus,  the 
calibration  pulses  may  be  compared 
directly  with  those  generated  by 
the  radar  range  ring  generator. 

Circuit  Details 

The  complete  circuit  is  given  in 
Fig.  3.  A 6V6  tetrode  crystal  oscil- 
lator, Fi,  is  used  in  the  calibrator 
as  the  range  ring  frequency  stand- 
ard. The  fundamental  frequency 
is  80.86  kilocycles  for  nautical  and 
93.12  kilocycles  for  statute  miles. 
(81.84  kilocycles  corresponds  to 
2,000  yards.) 

Following  the  crystal  oscillator  is 
a 6AC7  squaring  amplifier,  V^,  and 
a free-running  blocking  oscillator, 
ViA,  locked,  one  for  one,  to  the  fun- 
damental crystal  frequency.  Output 
of  this  blocking  oscillator  is  fed 


out  of  the  unit  through  a single 
amplifier,  Vab,  as  negative  calibra- 
tion pulses  spaced  one  mile  apart. 
Alternately,  pulses  spaced  five  miles 
apart  can  be  obtained  by  interpos- 
ing a counting-down  blocking  oscil- 
lator, VtA,  and  an  isolation  cathode 
follower,  F,a,  between  the  one  mile 
pulse  generator,  Vu,  and  the  out- 
put amplifier,  Vab.  The  additional 
blocking  oscillator  counts  down  by 
a factor  of  five  to  deliver  6-mile 
calibration  pulses. 

As  shown  in  Fig.  3,  part  of  the 
crystal  oscillator  output  is  also  ap- 
plied to  a 360-degree  phase  shift 
network  composed  of  a phase-shift- 
ing transformer  and  a precision 
variable  phase-shift  capacitor.  By 
the  use  of  this  network,  a voltage 
is  developed  at  the  grid  of  Fas  which 
may  differ  in  phase  with  the  output 
of  the  oscillator  anywhere  from 
zero  to  360  degrees,  depending  upon 
the  position  of  the  rotor.  To  secure 
linear  phase  shift  against  rotor  ro- 
tation, with  little  if  any  change  in 
amplitude,  the  circuit  must  be  care- 
fully balanced.  The  90-degree  phase 
shift  elements  must  be  chosen*  so 
that  at  the  fundamental  frequency, 
the  resistance,  R,  equals  the  ca- 
pacitive reactance  of  capacitor  C. 

The  phase-shifted  sine-wave  at  F*® 
is  amplified,  as  before,  to  synchro- 
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FIG.  2 — Block  diagram  ol  the  precision  radar  range  calibrator 


470 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


nize  the  free-running  blocking  os- 
cillator, VsA,  one  for  one  to  the  fun- 
damental frequency.  Output  pulses 
from  VsA  are  divided  in  repetition 
frequency  by  five  in  the  following 
blocking  oscillator,  V^b,  to  produce 
radar  synchronizing  pulses  occur- 
ring at  a frequency  of  18.62  or  16.17 
kilocycles,  respectively,  for  the  stat- 
ute and  nautical  mile  cases.  Tube 
amplifies  and  inverts  the  syn- 
chronizing pulses,  the  control 
sync  determining  pulse  ampli- 
tude delivered  to  the  radar. 

A great  advantage  in  placing  the 
phase  shift  network  in  the  synchro- 
nizing pulse  generator  section,  as 
compared  to  the  original  approach 
which  located  the  shifter  in  the  cali- 
brating pulse  section,  is  the  elim- 
ination of  errors  created  by  phas- 
ing network  distortion.  Since  it  is 
imperative  that  the  sine  wave  fed 


to  the  calibration  pulse  section  be 
kept  absolutely  free  from  distor- 
tion for  precise  results,  the  location 
of  the  phase  shift  device  to  the  non- 
critical  synchronizing  pulse  cir- 
cuit, in  the  final  design,  helped  to 
improve  the  linear  relationship  be- 
tween phase  shift  and  the  physical 
position  of  the  rotor. 

Radar  Calibration  Procedure 

The  phase  shifted  synchronizing 
pulses  are  fed  out  of  the  calibrator 
at  intervals  of  72.0  microseconds, 
when  using  the  nautical  mile  crys- 
tal. The  free-running  multivibra- 
tor in  the  Radiomarine  CR-101  Ra- 
dar, for  example,  operates  at  a prf 
of  approximately  3,000  cycles  per 
second  on  the  shorter  ranges  of  1.5 
and  5 miles,  equivalent  to  a period 
of  about  333  microseconds.  By  cou- 
pling the  synchronizing  pulses  into 


the  multivibrator  at  correct  ampli- 
tude, the  radar  will  lock  in  at  a 
somewhat  higher  pulse  recurrence 
frequency  of  about  3,470  cycles  on 
every  fourth  sync  pulse.  This  prf 
increase  is  of  minor  consequence, 
since  higher  recurrence  frequency 
is  maintained  only  during  the  cali- 
bration period. 

Similarly,  when  the  CR-101  is 
operated  on  its  longer  ranges  of 
16  and  50  miles,  the  prf  of  the  radar 
system  is  quartered  to  750  cycles, 
corresponding  to  a period  of  1,333 
microseconds.  Every  18th  sync 
pulse  then  locks  the  unit  in  step,  a 
change  of  about  116  cycles  in  the 
pulse  recurrence  frequency. 

The  procedure  used  to  adjust  the 
radar  range  rings  is  relatively  sim- 
ple. Negative  synchronizing  pulses 
from  the  calibrator  are  applied  to 
the  radar  master  multivibrator. 


FIG.  3 — Complete  circuit  oi  the  instrument.  All  switches  are  ganged.  The  phasing  network  contoins  a butterfly-type  capacitor 
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Meanwhile,  positive  radar  range 
ring  pulses  are  fed  to  the  upper 
vertical  deflection  plate  of  a trig- 
gered-sweep  oscilloscope.  Negative 
calibration  pulses  are  then  applied 
to  the  lower  vertical  deflection 
plate.  After  the  radar  has  been 
locked  to  the  calibrator  by  adjust- 
ing the  synchronizing  pulse  ampli- 
tude, both  sets  of  marker  pulses 
will  be  visible  on  the  oscilloscope, 
inverted  in  polarity. 

Adjusting  the  phase-shifting  ca- 
pacitor appears  to  move  the  cali- 
bration pulses  along  the  sweep. 
This  is  done  until  two  pairs  of  suc- 
cessive pulses  are  coincident  or 
close  to  coincidence  above  one  an- 
other. The  slug-tuned  inductance 
in  the  ringing  oscillator  circuit  is 
then  adjusted  so  that  the  spacing 
between  radar  range  ring  pulses 
approaches  that  between  the  pre- 
cision pips. 


Slight  adjustments  must  be 
made  in  phasing  during  this  opera- 
tion to  insure  that  the  reference 
markers  remain  coincident.  At  the 
exact  alignment  point,  all  the  lead- 
ing edges  of  all  the  various  pulses 
will  coincide.  The  synchroscope 
during  this  operation  is  triggered 
by  the  radar  system  so  that  its 
sweep  and  the  radar  trigger  start 
simultaneously. 

For  estimating  the  duration  of 
various  pulse  waveforms  through 
the  radar,  the  procedure  is  slightly 
altered.  A waveform  of  interest  is 
observed  on  a triggered-sweep 
oscilloscope  intensity  modulated  in 
the  Z-axis  by  the  markers  from  the 
calibrator.  At  intervals  of  either 
one  or  five  miles,  the  sweep  will 
brighten  up,  forming  a series  of 
bright  spots  superimposed  on  the 
waveform.  The  phase-shift  capac- 
itor is  rotated  until  any  one  spot 


coincides  with  the  start  time  of 
the  waveform.  The  time  duration 
to  any  point  of  interest  thereafter 
can  be  read  in  1 or  5 mile  steps. 
Interpolation  between  one-mile 
markers  can  be  fairly  accurately 
performed  by  noting  the  traverse 
of  the  phase-shift  capacitor.  Since 
every  360  degrees  of  rotation  cor- 
responds to  one  additional  mile  of 
spot  movement,  small  angular  dis- 
placements are  practically  propor- 
tional to  equivalent  fractions  of  a 
mile,  providing  that  the  phase-shift 
network  is  accurately  aligned. 
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Radar  Test  Generator 


Triggered  or  free-running  pulses  and  c-w  signals  are  provided  from  47  to  76  me  for  test- 
ing radar  and  other  wide-hand  i-f  circuits.  Output  is  variable  from  0.1  microvolt  to  0.1 
volt  with  pulse  widths  of  0.25,  0.5  and  1 microsecond 


During  the  development  of 
sensitivity  time-control  cir- 
cuits for  a new  radar  set,  it  was 
found  that  a special  pulsed  signal 
generator  with  continuously  vari- 
able output  voltage  over  a wide 
range  and  a very  low  c-w  back- 
ground level  was  needed.  Such  an 
instrument  was  designed  and  built 
for  laboratory  use  and  has  been  em- 
ployed in  many  applications. 

The  generator  has  either  pulsed 
or  c-w  output,  from  0.1  /av  to  0.1 
volt,  into  a 50-ohm  load  over  a fre- 
quency range  of  47  to  76  me.  It 
can  be  triggered  or  operated  free- 
running  and  gives  output  pulses  of 
i,  i,  or  1-/Asec  duration.  The  out- 
put attenuator  is  direct  reading 
and  the  instrument  has  an  output 
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meter  for  calibration  purposes. 

Circuit  Analysis 

The  r-f  section  uses  a push-pull 
variable-frequency  Hartley  oscilla- 
tor which  is  capacitively  coupled  to 
a push-pull  power  amplifier.  The 
amplifier  is  driven  class  C and  has 
a self-resonant  tank  coil  which  is 
loaded  to  give  approximately  a 15- 
mc  bandwidth  with  a center  fre- 
quency of  60  me.  The  tank  coil  is 
arranged  to  feed  energy  into  a 
short  section  of  wave  guide  operat- 
ing below  cutoff  which  is  used  as  a 
calibrated  attenuator. 

In  order  to  get  good  energy 
transfer  into  the  guide  with  a uni- 
form wave  distribution,  the  coil  is 
wound  with  a flat  face  mounted 


very  close  to  the  guide  opening.  A 
movable  pickup  loop  in  the  attenu- 
ating guide  is  made  from  a 50-ohm 
resistor  to  give  the  proper  source 
impedance  to  feed  a 50-ohm  coaxial 
cable.  This  cable  ends  on  the  front 
panel  and  must  be  externally  termi- 
nated in  a 50-ohm  load. 

The  r-f  section  is  completely  en- 
closed in  a tight  silver-plated  box 
internally  subdivided  into  four  sec- 
tions. The  output  tank  is  carefully 
isolated  in  one  of  these  subdivisions 
to  prevent  stray  oscillator  pickup 
and  thus  reduce  the  c-w  back- 
ground level  during  pulsed  opera- 
tion. All  power  wires  enter  the  r-f 
section  through  button-type  feed- 
through capacitors  and  series  60- 
mc  traps  which  are  completely  iso- 
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lated  along  with  the  pulse-forming 
line  in  another  one  of  the  subdi- 
visions. The  oscillator  and  modu- 
lator wiring  is  in  the  third  section 
while  the  fourth  contains  the  tubes, 
each  with  an  individual  shield. 

Output  Measurements 

A 1N21C  crystal  and  a 200-/j.a 
meter  with  a variable  resistor  in 
series,  see  Fig.  1,  are  used  to  meas- 
ure the  output  voltage  during  c-w 
operation.  With  the  pickup  loop  in 
the  end  of  the  waveguide  near  the 
output  coil,  the  voltage  at  the  out- 
put terminal  is  over  0.1  volt,  which 
is  high  enough  to  give  a large  read- 
ing on  the  output  meter.  This 
amount  of  output  can  be  accurately 
measured  by  some  external  means 
and  then  the  meter  calibrated 
accordingly. 

The  meter  gives  no  useful  indi- 
cation for  outputs  below  0.01  volt 
and  it  would  be  difficult  to  measure 
lower  output  accurately  by  other 
means,  particularly  in  the  micro- 
volt region.  However,  if  some 
higher  value  of  output  is  known  ex- 
actly, then  all  lower  values  can  be 
accurately  determined  because  of 
the  known  exponential  rate  at 
which  a signal  decreases  in  ampli- 
tude with  distance  along  a wave- 


guide operated  below  the  cut-off 
frequency. 

The  dial  which  moves  the  pickup 
loop  can  be  directly  calibrated  in 
output  voltage  providing  its  index 
can  be  adjusted  to  give  a correct 
reading  at  some  high  value  of 
output. 

One  good  method  of  measuring 
the  output  voltage  is  with  a ther- 
mistor bridge.  The  thermistor  must 
be  shunted  with  a noninductive  re- 
sistor to  give  a parallel  resistance 
of  50  ohms  for  proper  termination. 
The  bridge  power  reading  must 
then  be  corrected  for  the  power  lost 
in  the  shunt  resistor  to  give  full 
output  power.  The  voltage  is 

found  from  the  formula  E = y/PR. 

The  output  meter  can  also  be 
calibrated  without  applying  power 
to  the  signal  generator  by  feeding 
an  audio  signal  into  the  r-f  output 
terminal  to  simulate  an  r-f  signal. 
If  a frequency  of  about  10  kc  is 
used,  it  should  be  high  enough  to 
give  crystal  characteristics  corre- 
sponding to  r-f  conditions  but  still 
low  enough  to  be  measured  with  a 
vtvm. 

It  is  necessary  to  gate  the  circuit 
to  give  a clean  pulsed  r-f  signal  of 
known  amplitude.  It  is  not  practi- 
cal to  gate  the  oscillator  or  ampli- 


fier control  grids  because  then 
there  will  be  a reaction  on  the  oscil- 
lator frequency.  It  is  necessary  for 
the  oscillator  to  run  continuously 
under  the  same  load  conditions  for 
stable  operation.  Therefore  6AS6’s 
were  chosen  for  the  r-f  amplifiers 
because  their  high  suppressor 
transconductance  permits  them  to 
be  suppressor  modulated. 

It  was  found  that  when  the 
amplifier  grids  were  being  excited 
by  the  oscillator,  the  plate  current 
could  be  completely  cut  off  with  ap- 
proximately —5  volts  on  the  sup- 
pressors and  as  the  suppressor  volt- 
age was  increased  from  —5  volts  up 
to  -f  12  volts,  the  plate  output  would 
increase  almost  linearly.  Any 
further  increase  in  suppressor  volt- 
age causes  only  a slight  change  in 
output,  see  Fig.  2.  When  the  sup- 
pressors are  driven  positive  there 


FIG.  2 — Characteristic  curve  of  6AS6 
class-C  r-f  amplifier  with  constant  con- 
trol-grid excitation 


is  a flow  of  current  in  the  suppres- 
sor circuit,  therefore  they  must  be 
driven  from  a fairly  low  impedance. 

Pulsed  Output 

For  pulsed  output  the  6AS6’s 
have  a suppressor  bias  of  —7  volts 
which  keeps  the  plate  current  safely 
cut  off.  If  the  suppressors  are  then 
gated  with  a positive  pulse  having 
an  amplitude  greater  than  19  volts. 
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the  peak  output  will  be  fairly  con- 
stant because  of  the  saturation 
effect  of  the  suppressor  as  men- 
tioned previously.  This  makes  it 
possible  to  get  a measureable  peak 
pulse  amplitude,  for  if  the  tubes 
are  operated  c-w  with  more  than 
-1-12  volts  on  the  suppressors  the 
c-w  output  will  equal  the  peak 
pulsed  output  and  can  be  measured, 
as  described  previously. 

When  the  amplifier  plate  current 
is  cut  off  by  the  suppressor,  the 
cathode  current  is  not  greatly 
affected,  and  it  all  tends  to  flow  to 
the  screen  grids.  To  prevent  exces- 
sive screen  dissipation  under  these 
conditions  the  screen  current  is  de- 
creased by  feeding  the  screens 
through  a series  resistor  to  drop 
their  voltage.  However,  when  an 
output  pulse  is  required,  and  the 
suppressors  are  driven  positive,  the 
screen  voltage  must  rise  instantly, 
thus  greatly  limiting  the  size  of  the 
screen  by-pass  capacitor  that  can 
be  used.  A compromise  must  be 
reached  between  f-f  degeneration 
and  a screen-circuit  time  constant 
which  will  allow  it  to  follow  short 
pulses. 

The  modulator  consists  of  a gas 
triode  used  to  discharge  a lumped- 
circuit  pulse-forming  line  of  vari- 
able length  coupled  to  the  suppres- 
sors of  the  6AS6’s  through  a pulse 
transformer.  The  number  of  L-C 
components  in  the  line  can  be 
switched  from  the  front  panel  for 
pulses  of  1,  i and  I fisec  duration. 

The  positive  pulse  output  is  suf- 
ficient to  drive  the  suppressors  well 
into  saturation.  The  d-c  bias  on 
the  grid  of  the  modulator  can  be 
adjusted  from  the  front  panel  be- 
tween the  limits  of  —7  and  —33 
volts  for  best  operation.  The  d-c 
bias  for  the  6AS6  suppressors  is 
selected  by  the  pulse — c-w  switch. 

For  c-w  operation,  a bias  of  +20 
volts  is  obtained  from  a voltage 
divider  to  allow  the  6AS6’s  to  oper- 
ate at  suppressor  saturation.  For 
pulsed  operation  a bias  of  —7  volts 
is  applied,  just  enough  to  safely 
hold  the  6AS6  plate  current  cutoff 
except  when  positive  pulses  are 
supplied  from  the  modulator. 


Trigger  and  Power  Circuits 

The  remainder  of  the  instrument, 
consisting  of  trigger  and  power  cir- 
cuits, is  built  on  a separate  chassis, 
see  Fig.  3.  The  triggering  pulse 
for  the  modulator  is  obtained  from 
a driver  in  the  form  of  a blocking 
oscillator  which  is  biased  to  prevent 
a free-running  condition.  The 
driver  is  triggered  by  a cathode 
follower  whose  input  is  the  voltage 
across  a ring  tank  in  the  plate  cir- 
cuit of  a triggering  blocking  oscil- 
lator. The  circuit  is  arranged  so 
that  the  cathode-follower  grid  does 
not  swing  positive  until  approxi- 
mately 3 /isec  after  the  ring  tank 
is  excited  by  the  triggering  block- 
ing oscillator.  This  triggering 
blocking  oscillator  also  drives  a 
phase-splitting  tube  directly,  with- 
out delay,  to  give  either  a positive 
or  negative  external  trigger  output. 
This  is  useful  for  triggering  a syn- 
chroscope just  before  the  r-f  output 
pulse  so  that  its  effect  can  be  easily 
observed  in  a test  circuit. 

The  triggering  blocking  oscil- 
lator can  be  allowed  to  run  free 
over  a frequency  range  of  approxi- 
mately 70  to  10,000  cps  or  a nega- 
tive bias  can  be  applied  to  its  grid 
for  external  triggering.  The  ex- 


ternal positive  or  negative  trigger 
pulses  are  fed  through  a gain  con- 
trol, phase-splitting  tube,  phase- 
selector  switch,  and  cathode  fol- 
lower to  drive  the  triggering  block- 
ing oscillator.  When  the  pulse — c-w 
switch  is  in  the  c-w  position  the 
triggering  blocking  oscillator  is 
made  inoperative  by  opening  its 
cathode  circuit.  This  switch  also 
chooses  proper  bias  for  the  6AS6 
suppressors  and  compensates  for 
the  different  current  requirements 
of  pulsed  and  c-w  operation. 

The  plate  supply  uses  two  6X4’s 
in  parallel  in  a full-wave  rectifier 
circuit  with  a capacitive  input  filter 
to  give  +260  direct  volts.  An  OA2 
is  used  to  supply  +150  volts  regu- 
lated to  the  r-f  section.  The  heater 
winding  plus  another  6.3-volt  wind- 
ing are  connected  in  series  to  drive 
a voltage  doubler  using  selenium 
rectifiers  to  supply  the  negative 
bias  voltages  required.  The  a-c 
input  is  fused  and  passes  through 
a shielded  60-mc  filter  to  prevent  r-f 
from  leaking  out  along  the  power 
line. 

The  author  wishes  to  acknowl- 
edge the  cooperation  of  Richard 
Whitehorn  ‘ and  Malcolm  Clark  in 
the  design  and  construction  of  this 
instrument. 
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Incremental  Phase  Splitter 

Range  simulator  circuit  produces  two  signals  at  the  same  frequency  but  differing  in 
phase  hy  fixed  and  equal  amounts.  Developed  for  testing  radar  equipment,  the  device 

serves  as  a laboratory  phase  standard 


The  incremental  phase  splitter 
and  range  simulator  to  be  de- 
scribed is  a circuit  productive  of 
two  signals  of  the  same  frequency 
and  diifering  in  phase  by  a series  of 
discrete  increments  of  equality. 

The  incremental  phase  splitter  is 
ideally  suited  to  applications  re- 
quiring precise  time  or  phase  rela- 
tionships between  two  signals  of  the 
same  or  harmonically  related  fre- 
quencies. A few  of  its  possible  ap- 
plications are  the  simulation  of  ra- 
dar and  loran  data,  generation  of 
accurate  synchronizing  signals 
for  the  production  of  delay  gates 
and  timing  pulses,  and  use  as  a lab- 
oratory phase  standard. 

Range  Simulator 

The  circuit  was  developed  as  a 
target  range  simulator  to  facilitate 
the  development  of  radio  ranging 
equipment. 

An  81.94-kc  sine  wave,  corre- 
sponding to  2,000  radar  yards  per 
cycle,  is  employed  as  the  ranging 
system’s  time  base.  The  phase  dis- 
placement between  the  transmitted 
and  received  timing  signals  is  de- 
termined by  their  transmission  time 
through  space  and  is  directly  pro- 
portional to  target  range.  In  order 
to  function  as  a calibrating  range 
simulator,  the  circuit  must  provide 
two  81.94-kc  sinusoidal  signals,  one 
fixed  in  time  and  the  other  variable 
through  a series  of  angular  displace- 
ments corresponding  accurately  to 
the  required  range  test  points. 
The  ranging  system’s  test  points 
are:  0,  400,  800,  1,200,  and  1,600 
yards.  The  corresponding  phase 
displacements  between  the  trans- 
mitted and  received  signals  are : 
0,  72,  144,  216,  and  288  degrees. 

The  basic  circuit  of  the  incre- 
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mental  phase  splitter  is  shown  in 
block  form  in  Fig.  1 wherein  f,  is 
the  source  frequency,  /,  is  the  out- 


FIG.  1 — Block  diagram  of  a basic  phase 
splitter 


FIG.  2 — ^Phase  relations  in  the  incremental 
phase  splitter 


put  frequency,  N is  required  num- 
ber of  phase  increments,  and 
f,  = Nf,.  The  circuit  consists 
of  signal  source.  A,  of  frequency 
f, ; a constantly  operating  frequency 
divider,  B,  synchronized  by  A 
and  dividing  its  output  frequency 
by  N ; and  another  frequency 


divider,  C,  identical  to  B but 
provided  with  means  whereby  its 
operation  may  be  momentarily 
interrupted.  The  circuit  operates  as 
follows.  Divider  B provides  the 
fixed,  or  reference  phase.  Divider  C 
provides  the  incrementally  variable 
phase.  A momentary  contact  switch 
is  wired  into  C in  such  a manner  as 
to  render  it  inoperative  when  the 
switch  is  closed.  Upon  releasing 
the  switch,  divider  C again  becomes 
operative,  synchronizing  with  A in 
one  of  N phase  relationships.  This 
is  graphically  illustrated  by  Fig.  2 
in  which  N = 5. 

The  generalized  values  of  the  N 
phase  relationships  the  0 + 0, 
9 -f  [360/^r],  0 + [2(360)/^r], 
. . . 5 + [(iV— 1)  360/iV]  degrees, 
where  9 represents  the  residual 
phase  displacements  between  the 
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outputs  of  B and  C when  the  in- 
cremental displacement  equals  zero. 
The  value  of  6 reduces  to  zero  when 
B and  C are  ssmchronized  at  identi- 
cal points  in  time  on  the  signal  from 
A.  The  phase  selection  sequence 
cannot  be  predetermined  in  this  ba- 


lected  signal  from  the  phase-shift 
networks,  the  resultant  output 
pulses  from  the  coincidence  ampli- 
fier, F,  energize  relay  H via  its 
control  amplifier,  G.  This  action  im- 
mediately disconnects  the  inter- 
rupter and  stabilizes  the  circuit  at 


repeatedly  actuated  and  the  new  in- 
dicated ranges  are  recorded. 

This  process  is  repeated  until  all 
five  check  points  have  been  re- 
corded. If  desired,  one  of  the  simu- 
lator signals  can  be  inverted  in 
phase  to  provide  five  more  check 


FIG.  4 — Schematic  of  the  incremental  phase  splitter  with  frequencies  chosen  for  radar  range  FIG.  5 — Block  diagram  and  wave- 

simulation  forms  for  the  circuit  of  Fig.  4 


sic  circuit  because  of  the  random 
nature  of  the  synchronization  of  C 
to  any  one  of  five  cycles  of  A. 

Figure  3 illustrates  a method 
whereby  any  one  of  a predeter- 
mined series  of  angular  increments 

can  be  selected  at  will.  Blocks  A, 
B and  C comprise  the  oscillator- 
divider  combination  previously  de- 
scribed. Here,  again,  iV  = 5.  Di- 
vider B feeds  five  networks  that 
shift  the  phase  of  its  output  to  a few 
degrees  less  than  the  required  in- 
cremental displacements.  The  out- 
put of  the  selected  network  is  fed  to 
a gate  pulse  generator,  D,  via  the 
selector  switch.  Divider  C also  feeds 
a similar  pulse  generator,  E.  The 
two  pulse  generators  feed  a coinci- 
dence amplifier,  F,  which  produces 
one  pulse  per  cycle  only  when  the 
two  gate  pulses  overlap  in  time.  A 
continuously  acting  interrupter,  I, 
throws  C in  and  out  of  operation, 
thus  permitting  C to  synchronize 
repeatedly  to  any  one  of  the  five 
cycles  of  A at  random.  When  the 
output  of  C is  such  that  it  is  ap- 
proximately in  phase  with  the  se- 


ttle required  incremental  phase 
shift. 

Figure  4 illustrates  a practical 
version  of  the  circuit  shown  in  Fig. 
1.  Tube  Vi  is  a 409.7-kc  crystal 
master  oscillator;  Va  and  Fa  are 
overdriven  amplifiers  which  de- 
crease the  rise  time  of  the  syn- 
chronizing signal  and  thus  minimize 
phase  jitter  between  outputs.  The 
cathode  follower.  Fa,  couples  the 
synchronizing  signal  from  Fa— F*  to 
the  two  frequency  dividers.  Fa  and 
F».  The  low  source  impedance  of 
Fa  prevents  interaction  between  Vs 
and  F«.  The  Crosby^  two-terminal, 

resistance-stabilized  oscillators*  are 
excellent  frequency  dividers,  readily 
synchronized  and  of  good  sinusoidal 
waveform.  Filters  La— C#  and  La— 
Ca  feed  reasonably  pure  sine  waves 
to  the  output  cathode  followers.  Ft 
and  Fa. 

In  use,  the  simulator  signals  are 
fed  to  the  range-determining  cir- 
cuits in  place  of  the  transmitted 
and  received  signals.  After  zero- 
setting the  range  indicator,  the  in- 
terrupter switch  connected  to  Fa  is 


noints:  200.  600,  1,000,  1,400,  and 
1,800  yards.  Error  curves  relating 
actual  and  indicated  range  can  be 
readily  plotted  from  the  recorded 
data. 

Accuracy  after  a brief  warm-up 
is  such  that  no  short-time  change  in 
the  incremental  phase  shift  is  de- 
tectable by  conventional  methods. 
Because  of  the  phase-sensitive  na- 
ture of  the  resonant  filters,  the  cir- 
cuit exhibits  a gradual  drift  of  9, 
the  residual  constant.  Since  drift 
compensating  arrangements  are 
many,  and  fairly  well  known,  they 
are  not  considered  here. 

Many  incremental  phase-splitter 
applications  require  the  generation 
of  a pair  of  pulses  occurring  at  a 
known  repetition  rate  and  displaced 
from  one  another  by  one  of  a se- 
ries of  discrete  time  increments. 
This  requirement  can  be  met  by 
replacing  the  sinusoidal  frequency 
dividers  with  multivibrators  and 
differentiating  their  outputs. 
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Double-Ended  D-C  Restorer 

By  D.  A.  BELL 


Direct-Coupled  amplifiers  are  apt 
to  be  inconvenient  for  a number  of 
reasons.  Not  the  least  of  these  is 
the  risk  of  drift  in  the  first  stage 
causing  serious  unbalance  or  even 
overloading  when  amplified  and  ap- 
plied to  the  last  stage.  There  is 
therefore  a motive  for  using  an  a-c 
coupling  whenever  possible. 

When  the  signal  has  periodic  ex- 
cursions to  a fixed  limit  but  con- 
tains a d-c  component  because  of 
varying  amounts  of  signal  on  either 
side  of  the  center  line,  a-c  coupling 
can  be  used  with  a d-c  restorer  or 
clamping  diode  which  fixes  the  mean 
position  of  the  wave  by  reference  to 
the  excursions  to  the  fixed  limit.  The 
name  clamping  diode  does  not  seem 
to  have  come  into  general  use,  but 
is  very  expressive  of  the  function  of 
the  diode  in  clamping  one  limit  of 
the  waveform  to  a fixed  voltage 
level. 

Probably  the  most  familiar 
example  of  the  d-c-restoring  tech- 
nique is  to  television  video  ampli- 
fiers, where  the  line  sync  pulses  pro- 
vide a repeated  excursion  to  a fixed 
limit.  There  are  cases,  however, 
where  the  requirement  is  rather  to 
keep  the  signal  symmetrically  bal- 
anced (in  amplitude)  on  either  side 
of  the  datum  line,  in  spite  of  differ- 
ences in  proportion  of  time  spent 
with  either  polarity. 

The  best  example  of  this  is  a tele- 
graph signal  working  on  a mark 
and  space  basis  represented  by  sig- 
nals of  opposite  polarity.  Figure 
lA  represents  a hypothetical  signal 
having  the  times  spent  on  space  and 
mark  in  the  ratio  3 to  1 but  with 
equal  and  opposite  amplitudes  of 
-f-1  and  —1.  Figure  IB  shows  the 
result  of  passing  a repeated  signal 
of  this  form  through  an  a-c  coup- 
ling (capacitor  and  leak).  The 
datum  line  has  shifted  so  as  to  pro- 
duce equal  areas  on  either  side  of 
zero,  instead  of  equal  amplitudes. 

Now  the  problem  is  to  get  the 
datum  line  back  into  the  center  of 
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FIG.  1 — Worefonns  of  3>to-l-ratio  of  off-to- 
on telegraph  signal,  and  effects  of  a-c 
coupling  networks  and  d-c  restoration 
circuits 


the  waveform,  so  that  a relay  or 
other  device  will  operate  exactly  in 
the  center  of  the  transition  from 
mark  to  space.  This  would  not  be 
important  if  the  waveform  were 
square,  but  in  practice  the  reversals 
take  a finite  time  and  any  departure 
from  a symmetrical  datum  line  will 
change  the  ratio  of  mark-to-space 
times.  A distortion  of  mark-to- 
space  time  ratio  of  this  kind  is 
called  bias  distortion  by  telegraph 
engineers. 

The  desired  result  can  be 
achieved  by  the  circuit  shown  in 
Fig.  2,  which  includes  a double- 
ended  d-c  restorer  and  operates  as 
follows.  The  first  tube  is  simply  a 
phase-splitter,  so  that  in  addition 
to  the  waveform  shown  in  Fig.  IB 
we  have  the  inverted  waveform  of 
Fig.  1C.  Each  of  the  waveforms 
is  applied  to  a d-c  restorer  consist- 


ing of  the  coupling  capacitor  be- 
tween the  phase-splitter  output  and 
the  grid  of  one  of  the  push-pull 
tubes  in  conjunction  with  a diode 
(half  a 6H6  for  each  side).  The 
diode  is  inverted,  with  anode 
grounded,  so  that  signals  on  the 
grids  of  the  pushpull  tubes  are  posi- 
tive-going only.  (This  polarity  was 
chosen  so  that  the  output  stage 
could  be  fairly  heavily  biased  and 
run  cool  in  the  absence  of  a signal.) 

Since  the  signals  shown  in  Fig. 
ID  and  Fig.  IE  are  applied  to  the 
output  stage  in  pushpull,  their  com- 
bined effect  in  the  common  anode 
circuit  is  proportional  to  their  dif- 
ference as  shown  in  Fig.  IF,  which 
is  a true  copy  of  Fig.  lA.  This 
waveform  may  be  viewed  by  con- 
necting the  points  and  7,  directly 
to  the  plates  of  a cathode-ray  tube. 
It  will  not  be  seen  if  the  points  are 
connected  to  the  input  terminals  of 
an  oscilloscope  having  capacitor- 
coupled  input,  since  the  introduc- 
tion of  this  a-c  coupling  destroys 


FIG.  2 — Circuit  diagram  of  double-ended 
d-c  restoration  amplifier 


the  d-c-restored  condition  which  has 
been  achieved  in  the  amplifier.  A 
striking  demonstration  of  the 
efficacy  of  the  system  is  given  by 
having  a changeover  switch  to  give 
either  direct  or  capacitive  coupling 
from  the  points  Yi  and  Y,  to  the 
plates  of  the  cathode-ray  tube. 

For  more  practical  use  the  loads 
in  the  anode  circuit  of  the  output 
stage  may  consist  of  the  two  halves 
of  the  windings  of  a telegraph  relay 
or  recorder. 
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Besides  allowing  a telegraph  sig- 
nal to  be  amplified  in  a-c-coupled 

stages  and  d-c-restored  in  the  final 
stage,  this  circuit  might  be  used  for 
converting  single-current  (Fig.  ID) 
to  double-current  (Fig.  IF)  signals. 

As  mentioned  above,  a telegraph 
relay  must  change  over  at  a 
signal  amplitude  exactly  half  way 
between  the  mark  and  space 
levels  in  order  to  avoid  bias 


distortion  of  the  signals,  and 
with  double-current  working  the 
changeover  should  occur  at  the  neu- 
tral point  of  zero  current.  But  in 
single-current  working,  where  space 
is  indicated  by  zero  current,  the 
changeover  must  occur  at  half  the 
mark  amplitude  to  avoid  distortion. 

This  is  normally  achieved  by  bias- 
ing the  operating  point  of  the  relay 
to  half  the  signal  amplitude,  and 
therefore  requires  adjustment  for 


any  change  of  signal  amplitude.  By 
using  the  phase-splitter  and  double- 

ended  d-c  restorer,  either  with  or 
without  preceding  a-c  amplification, 
a symmetrical  two-current  output 
is  obtained.  This  has  the  advantage 
of  operating  a relay  at  neutral  bias, 
so  that  it  changes  over  at  zero  cur- 
rent and  its  operation  does  not 
require  adjustment  for  signal 
amplitude. 
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Receiver  Gain  Nomograph 

Permits  rapid  determination  of  maximum  required  voltage  gain  when  bandwidth 
and  noise  figure,  required  input  to  detector  and  antenna  resistance  are  known 


The  available  power  from  the 
resistive  component  R of  the 
antenna  impedance  is  4 x 
watts  per  cycle  of  bandwidth  at 
290  Kelvin\  This  permits  cal- 
culation of  the  equivalent  rms 
noise  voltage  Ei  at  the  receiver 
antenna  terminals.  The  receiver, 
however,  will  have  noise  sources 
of  its  own,  making  the  true 
equivalent  input  voltage  greater 
than  El.  If  Ei  is  multiplied  by 
where  F is  the  noise  figure 
of  the  receiver,  the  true  equiva- 
lent input  voltage  E^  is  obtained. 
The  maximum  useful  voltage 
gain  of  the  receiver  is  that  which 
will  bring  E^  up  to  the  level  at 
which  it  is  desired  to  operate  the 
detector.  Then,  if  the  detector 
is  to  operate  at  a level  E^,  the 
voltage  gain  A can  be  found  by 
dividing  Ea  by  E2.  These  opera- 
tions are  carried  out  on  the 
nomograph,  as  illustrated  by 
the  following  example: 

Suppose  it  is  desired  to  design 
a radar  receiver  to  work  from  a 
50-ohm  transmission  line.  The 
i-f  bandwidth  is  to  be  1 me  and 
the  detector  is  to  operate  at  a 
level  of  2 volts  so  that  signals 
weaker  than  noise  will  not  be  dis- 
criminated against  by  the  curved 
detector  characteristic.  It  is 
hoped  to  obtain  a noise  figure  F 
of  10,  and  it  is  desired  to  find 
the  required  voltage  gain  with 
that  assumed  noise  figure.  Join- 
ing 50  ohms  on  the  R scale  with 
1 me  on  the  BW  scale  by  means 
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The  nomograph  permits 

rapid  determination  of  the 
maximum  required  voltage  gain 
of  a radio  receiver.  Factors 

which  enter  into  such  a calcula- 


tion are  the  resistive  component 
of  the  antenna  impedance,  the 
bandwidth  and  noise  figure  of 
the  receiver,  and  the  required 
input  to  the  detector. 
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of  a straight-edge,  it  is  found 
that  El  = 0.44  microvolts.  Con- 
necting this  point  on  the  Ei  scale 
with  10  on  the  F scale,  Ea  = 1.4 
microvolts.  Then,  joining  1.4 
microvolts  on  the  Ea  scale  with 
2 volts  on  the  Ea  scale,  A is  found 
to  be  1.4  X 10®.  Thus  a voltage 
gain  of  more  than  1,000,000  is 


required  between  the  antenna 
terminals  and  the  output  of  the 
last  i-f  stage. 

It  should  be  noted  that  the 
above  calculations  assume  an  im- 
pedance match  at  the  antenna 
terminals.  For  best  noise  figure, 
a mismatch  is  usually  desirable^ 
The  resulting  error  in  design  can 


usually  be  absorbed  by  the  neces- 
sarily large  tolerance  in  gain 
which  must  be  made  to  allow  for 
variations  in  tubes  and  com- 
ponents. 


Reference 


(1)  H.  T.  Friis,  Noise  Figures  of 
Radio  Receivers,  Proc.  IRE,  p 419 
July,  1944.  ^ 


Receiver  Noise  Nomograph 

Over-all  noise  figure  of  radio  or  radar  receiver  is  quickly  found  when  noise 
factors  of  first  two  sections  and  gain  or  loss  of  first  section  are  known 


By  CHESTER  W.  YOUNG 


IN  THE  DESIGN  of  radio  and  radar 
receivers,  it  is  often  advanta- 
geous to  determine  quickly  the 
feasibility  of  using  components  at 
hand.  The  following  nomograph 
was  developed  for  this  purpose,  and 
is  based  on  two  well-known  formu- 
las^® 


NF  a+2)  = m -1-  ~ - Cl) 

i^mix  = Lt  (2) 

where  NF 0+2)  is  noise  factor  (in 
power)  of  overall  receiver,  NFi  is 
noise  factor  of  first  network,  NFa 


is  noise  factor  of  second  network, 
NFmix  is  noise  factor  of  mixer,  Wi 
is  gain  (or  loss)  of  first  network, 
L is  loss  of  mixer  and  t is  noise 
temperature  (ratio)  of  mixer. 

The  nomograph  can  be  used  with 
either  a mixer  followed  by  an  i-f 
amplifier  as  the  second  network  or 
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with  an  r-f  amplifier  followed  by  a 
mixer-i-f  amplifier  combination 
whose  overall  noise  factor  can  be 
worked  prior  to  adding  the  r-f 
amplifier.  Scale  A is  used  if  the  first 
network  has  a gain  (or  loss)  less 
than  one  and  Scale  B is  used  if  it 
has  a gain  greater  than  one. 

How  to  Um  Nomograph 

Place  a straightedge  on  desired 
values  on  A and  B scales  to  locate 
turning  point  on  AB  scale.  Using 
this  turning  point  and  value  on  A 
scale  (or  B scale),  read  final  value 
on  adjacent  A scale  (or  B Scale ; use 


A scales  together  or  B scales  to- 
gether). The  L and  t scales  are 
used  to  determine  noise  factor  of 
the  mixer. 

Example:  If  required  range  for 
system  with  a given  transmitted 
power  requires  over-all  noise  figure 
to  be  13.65  db  (noise  factor  of 
23.2),  what  is  minimum  noise  figure 
which  crystal  mixer  can  have  if  it 
has  a loss  of  13  db,  and  can  this  be 
used  with  an  existing  3-db  i-f 
amplifier  ? 

Starting  on  left  side  of  nomo- 
graph, align  straightedge  with 
noise  temperature  of  1.0  and  mixer 


loss  of  20,  and  read  NF  „,x  as  20. 
Using  this  and  overall  iVF„c.iT«r 
value  of  23.2,  find  turning  point  on 
AB.  Using  turning  point  and  13-db 
(mixer  gain  of  0.05)  loss  point  on 
slant  A scale,  read  0.65  db  for  NF, 
on  vertical  A scale,  as  maximum 
permissible  noise  figure. 


References 

(1)  S.  N.  Van  Voorhls,  “Microwave 
Receivers,”  Vol.  2S  of  MIT  Radiation  Lab 
Series,  p 2. 

(2)  Torrey  and  Whitmer,  "Crystal  Rec- 
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Noise  Figure  Chart 

Gives  noise  figure  directly  in  decibels  from  value  of  noise-generator  diode  cur- 
rent required  to  double  the  noise  power  output  of  an  amplifier  from  its  no-input 
value.  The  input  impedance  of  the  unit  under  test  is  the  other  parameter 


The  noise  figure  of  a 

receiver  or  amplifier  is  the 
factor,  expressed  in  decibels,  by 
which  the  signal-to-noise  ratio 
existing  in  a resistive  source  is 
degraded  in  passing  through  the 
receiver  or  amplifier,  the  band- 
width remaining  constant.  The 
signal-to-noise  ratio  is  measured 
at  20  deg  C before  the  source  is 
connected  to  the  receiver. 

The  most  common  method  for 
determiining  noise  figures  is  by 
using  a temperature-limited  di- 
ode noise  generator.  Such  a 
noise  generator  is  self-calibra- 
ting. No  correction  factor  is  nec- 
essary, providing  the  limiting 
frequencies  are  considerably  less 
than  the  self  resonance  of  the 
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noise  diode  and  the  electron  tran- 
sit angle  is  less  than  90  degrees. 
The  load  of  the  diode  generator 
must  also  be  matched  to  the  in- 
put impedance  R of  the  receiver 
or  amplifier  under  test. 

The  accompanying  chart  eli- 
minates the  computations  usually 
involved  in  obtaining  a noise  fig- 
ure by  the  noise-generator  meth- 
od. The  noise  generator  in  its 
off  position  is  connected  to  the 
input  of  the  amplifier  under  test, 
and  the  noise  power  level  of  the 
amplifier  is  noted  on  an  output 
meter.  The  generator  is  then 
turned  on  and  adjusted  until  the 
amplifier  noise  power  output 
reading  is  doubled.  The  noise- 
generator  diode  current  Ia  is 


then  noted. 

The  amplifier  noise  figure,  in 
decibels,  will  be  represented  on 
the  chart  by  the  diagonal  line 
which  crosses  the  intersection  of 
the  appropriate  Ia  and  R lines. 
For  example,  let  R = 300  ohms 
and  I A = 1.0  ma;  the  noise  figure 
will  be  7.8  db. 

The  chart  is  based  on  the  fact 
that  the  noise  figure  is  equal  to 
2QIaR,  where  Ia  is  in  amperes 
and  R in  ohms. 

Occasion  may  arise  when  R 
may  be  larger  than  1,000  ohms 
or  /a  may  be  less  than  0.1  ma. 
For  every  cycle  change  in  either 
R or  Ia  the  reference  level  will 
change  10  db  in  the  same  direc- 
tion. 
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Remote  Pickup  Broadcast  Receiver 

Crystal-controlled  26-mc  receiver  can  be  used  by  inexperienced  personnel  to  receive 
remote  broadcasts  from  scenes  of  emergencies,  sporting  events,  and  other  on-the-spot 
affairs.  Extreme  simplicity  insures  reliability  and  ease  of  operation  and  servicing 

By  ADELBERT  A.  KELLEY 


SOME  ENGINEERS  at  the  smaller 
broadcast  stations  do  not  ap- 
preciate the  advantages  of  adding 
relay  broadcast  equipment  to  their 
station  facilities.  Such  equipment 


provides  a means  for  direct  broad- 
cast from  any  point  where  wire 
lines  are  not  available,  and  is  par- 
ticularly adapted  to  on-the-spot  cov- 
erage of  fires,  floods,  parades,  or 


certain  sports  such  as  golf. 

The  equipment  does  not  have  to 
be  complicated  or  expensive.  Trans- 
mitters are  commercially  available 
but  there  are  no  receivers  on  the 
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market  specifically  designed  to  re- 
ceive 26-me  relay  broadcast  signals. 
General  coverage  communications 
receivers  are  not  satisfactory  un- 
less they  are  operated  by  experi- 
enced personnel.  Unfortunately, 
broadcast  control  operators  are  not 
always  trained  in  communications 
techniques  so  it  is  desirable  to  have 
as  simple  a receiver  at  the  control 
position  as  possible.  It  should  not 
drift  off  the  signal  or  be  subject  to 
misadjustment. 

Two  such  receivers  are  in  opera- 
tion at  WINR.  One  is  in  a shielded 
portable  carrying  case  for  use  at 
the  end  of  a wire  line  near  the  point 
of  origin  of  any  broadcast  and  is 
provided  with  a v-u  meter  for  use 
in  setting  levels.  Since  a wire  line 
is  used  only  when  the  special  event 
is  some  distance  from  the  studios, 
another  receiver  was  permanently 
mounted  in  a rack  in  the  control 
room.  The  two  receivers  are  almost 
identical  and  the  rack  unit  will  be 
described. 

The  receiver  was  designed  with 
simplicity  in  mind.  This  meant 
crystal  control  and  the  elimination 
of  unnecessary  panel  controls.  The 
photograph  shows  only  an  on-off 
switch  and  volume  control  on  the 


front  panel.  When  the  receiver  is 
turned  on,  it  is  always  tuned  on  the 
center  of  the  relay  channel  and  it 
will  not  drift  off  either  in  the 
process  of  heating  up  or  by  oper- 
ator error. 

The  local  oscillator  uses  an  inex- 
pensive 8,500-kc  crystal  and  triples 
to  the  low  side  of  the  incoming  sig- 
nal to  avoid  image-frequency  inter- 
ference with  the  27-mc  amateur 
and  diathermy  band.  The  exact 
oscillator  frequency  is,  of  course, 
dependent  on  the  operating  channel 
assigned  by  the  FCC  and  can  be 
found  by  taking  J of  the  frequency 
470  kc  on  the  low  side  of  the  signal. 

Noise  Silencer 

Ignition  interference  in  the  26- 
mc  region  makes  a limiter  a virtual 
necessity.  After  trying  several 
noise-silencer  circuits,  the  one 
shown  in  the  diagram  was  used. 

It  is  well  to  note  that  a high- 
vacuum  rectifier  makes  a better 
noise-silencer  diode  than  the  popu- 
lar germanium  diode  due  to  its 
practically  infinite  back  resistailce. 
As  a practical  example,  1N34  diode 
caused  nearly  30-percent  distortion 
when  used  in  this  circuit  as  com- 
pared to  1 percent  when  using  the 


6H6.  Since  this  distortion  is  ap- 
parent mostly  at  the  higher  modu- 
lation percentages,  if  the  1N34  is 
used,  the  relay  transmitter  can  not 
be  fully  modulated  without  loss  of 
quality. 

When  using  the  6H6  diode  some 
care  must  be  taken  to  avoid  heater 
hum.  It  was  necessary  to  bias  the 
filament  winding  center  tap  posi- 
tive a few  volts  and  bypass  it  to 
ground.  This  also  materially  re- 
duces the  hum  level  in  the  audio 
amplifier  stages. 

The  audio  section  uses  two  pen- 
todes in  a low-distortion  inverse- 
feedback  circuit.  Even  more  feed- 
back can  be  employed  by  reducing 
the  value  of  the  5-meg  resistor  in 
the  feedback  loop.  This  reduces 
the  overall  audio  gain  and  might  be 
considered  if  the  gain  seems  exces- 
sive. There  is  no  practical  advan- 
tage, as  far  as  distortion  is 
concerned,  since  the  distortion  con- 
tributed by  the  audio  stages  is  only 
1.75  percent. 

Alignment  Procedure 

Alignment  is  best  accomplished 
if  the  relay  transmitter  is  tone 
modulated  and  used  as  a signal 
source.  If  it  is  not  well  shielded. 


Complete  schematic  of  26-mc  crystal-controlled  receiver  for  remote  pickup  broadcasts 
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it  should  be  moved  some  distance 
from  the  receiver  to  avoid  overload. 
A crystal  of  the  proper  frequency 
is  inserted  in  the  crystal  socket  and 
oscillation  checked  by  measuring 
the  grid  voltage  of  the  tripler  stage. 
It  should  be  — 15  v as  measured  by 
a vtvm.  The  i-f  transformers  are 


then  aligned  to  the  correct  fre- 
quency by  using  a standard  signal 
generator. 

The  relay  transmitter  is  turned 
on,  modulated,  and  the  signal  is 
tuned  in  by  varying  the  tuning  of 
the  i-f  transformer  trimmers.  The 
i-f  tuning  is  the  only  tuning  adjust- 


ment that  will  compensate  for  a 
crystal  slightly  off -frequency  so  the 
final  i-f  adjustment  will  be  some 
frequency  around  470  kc.  After  the 
relay  signal  is  located,  all  the  i-f 
and  r-f  trimmers  are  peaked. 


Television  Front-End  Design 

Design  equations  for  several  types  of  r-f  amplifier  stages  of  a television  receiver  are  de- 
rived and  illustrated.  Emphasis  is  placed  on  the  problem  of  optimizing  the  signal-to- 
noise  ratio  while  satisfying  gain,  bandwidth  and  adjacent-channel 

rejection  requirements 


The  circuits  to  be  considered  in 
this  paper  are  the  r-f  amplifier 
and  mixer  portions  of  a receiver 
intended  to  operate  in  the  standard 
12  television  channels. 

The  design  is  based  on  inductive 
tuning,  the  design  process  being 
the  same  whether  the  tuning  is 
continuous  or  in  steps.  It  is  not 
intended  to  prove  the  superiority  of 
certain  circuit  configurations  over 
otl\ers,  but  rather  to  indicate  the 
factors  to  be  considered  and  the 
method  of  evaluating  them  in  the 
design  process. 

Initial  Premises 

Initial  premises  in  the  design  are 
the  exclusive  use  of  6.3-volt  minia- 
ture tubes,  the  use  of  75-ohm  coax- 
ial-cable input  and  output  and  the 
use  of  a 26-mc  intermediate  fre- 
quency. 

To  review  FCC  standards,  the 
vestigial  sideband  character  of  the 
transmitted  signal  is  such  that  the 
receiver  would  ideally  have  the  re- 
sponse characteristic  shown  in  Fig. 
1 for  reception  of  signals  on  chan- 
nel 2.  Note  that  the  sloping  re- 
sponse in  the  vicinity  of  the  picture 
carrier  is  linear  and  that  the  re- 
sponse is  50  percent  at  picture-car- 
rier frequency. 

It  is  not  important  what  the  fre- 
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quency  is  at  A and  at  D,  but  only 
that  A be  within  the  channel  and 
that  the  curve  between  A and  D is 
such  that  when  the  area  ABC  is 
pivoted  about  B until  A coincides 
with  D the  resultant  response  curve 
is  fiat  from  55.25  me  up  to  59.25  me. 
(For  instance,  the  dashed  curve 
ABD  would  be  quite  acceptable.) 
The  reason  for  this  is  that  the 
equivalent  video  response  curve  for 
any  modulated-carrier  amplifier  is 
obtained  by  adding  the  percent  re- 
sponse at  fe  + fm  (where  fe  is  the 
carrier  frequency  and  /m  is  the 
modulating  frequency)  to  the  re- 
sponse at  fc  — fm  and  plotting  the 
resulting  sum  against  fm  for  all 
values  of  /„  between  zero  and  the 
frequency  corresponding  to  full 
sideband  width.  Thus,  for  the  ex- 
ample of  Fig.  1,  the  equivalent  video 
response  at  100  kc  is  equal  to  the 
sum  of  the  r-f  response  at  55.15  and 
that  at  55.35  me,  while  the  equi- 
valent video  response  at  1 me  is  the 
sum  of  that  at  54.25  me  and  that  at 
56.25  me.  Invariably  the  smoothest 
eurve  AD  implies  the  best  phase 
response. 

Figure  1 shows  that  the  maxi- 
mum possible  equivalent  video  band- 
width would  be  slightly  less  than 
4.5  me  sinee  the  best  that  can  be 
done  below  55.25  me  is  to  provide  a 


response  supplementing  the  upper 
sideband  to  give  a flat  equivalent 
video  response,  and  since  the  re- 
sponse of  the  picture  channel  is 
necessarily  zero  at  the  sound  trans- 
mitter frequency.  The  maximum 
realizable  equivalent  video  band- 
width will  therefore  be  taken  as  4 


FIG.  1 — ^Ideal  response  charaeterlsfle  for 
receiving  channel  2.  For  other  chonnels, 
substitute  the  appropriate  freqnandes 


me  wide  at  the  6-db-down  points. 

With  55.25  me  as  the  bottom  of 
the  received  band  (the  frequency 
below  midband  at  which  gain  is  6 
db  down)  which  is  4 me  wide,  the 
band  center  for  this  channel  is  57.25 
me,  and  the  band  center  of  the  re- 
ceiver will  correspondingly  be  3.25 
me  above  the  bottom  of  any  chan- 
nel to  which  the  receiver  is  tuned. 
As  will  be  shown  late  maximum 
gain  and  bandwidth  are  obtained 
with  minimum  capacitance  shunt- 
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ing  the  load  circuit  of  an  amplifier 
stage,  so  the  circuits  will  be  reson- 
ated by  tube  and  wiring  capaci- 
tances alone  and  the  circuit  induct- 
ance will  be  changed  to  change 
stations. 

Synchronous  single-tuned  inter- 
stage networks  will  be  considered 
rather  than  coupled  circuits  or 
stagger-tuned  circuits,  even  though 
the  latter  two  are  theoretically  bet- 
ter. It  has  been  proven  that  both 
of  the  latter  circuits  provide  a 
greater  usable  bandwith  for  a given 
gain,  but  the  stagger-tuned  system 
is  difficult  to  track  properly  over 
the  specified  range,  and  the  coupled- 
circuit  system  requires  one  addi- 
tional tuning  element  per  inter- 
stage. 

Figure  2 shows  the  computed 
variation  in  scalar  impedance  of  a 
parallel  RLC  circuit  over  a band 
of  frequencies  centered  at  the  anti- 
resonant frequency  of  the  LC  com- 
bination. The  scalar  impedance  has 
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been  shown  in  terms  of  20  Zopu 
\Z\/R,  or  simply  db  down  from  the 
impedance  at  resonance,  and  fre- 
quency has  been  presented  as  Q 
times  the  percent  deviation  from 
antiresonant  frequency. 

For  this  circuit,  Q is  defined  as 
the  ratio  R/uiJj  where  w,  is  the 


antiresonant  radian  frequency. 

The  significance  of  Fig.  2 is  that 
in  any  system  of  cascaded  amplifi- 
ers having  single-tuned  load  cir- 
cuits, the  gain  of  each  stage  will 
vary  with  frequency  in  the  manner 
shown  by  the  curve.  If  each  of 
three  identical  stages  were  3 db 
down  in  gain  at  the  extremes  of  a 
band  of  width  A/  centered  about 
a frequency  /„  the  unit  as  a whole 
would  have  a gain  9 db  down  (from 
that  at  /.)  at  the  extremes  of  the 
band  A/. 

Data  derived  from  the  curve 
have  been  tabulated  to  the  right  of 
the  curve,  showing  the  bandwidth 
per  stage  required  for  an  N-stage 
system  to  have  an  overall  band- 
width of  A/  between  the  —3  db 
points. 

Preliminary  investigation  shows 
that  two  tuned  circuits  (through 
which  the  signal  must  pass)  will 
be  used  in  any  r-f  head  using  a 
grounded-grid  r-f  amplifier,  and 
three  tuned  circuits  will  be  used  in 
other  r-f  head  configurations.  It 
will  be  assumed  arbitrarily  that  for 
an  overall  receiver  bandwidth  of  4 
me  between  — 6 db  points,  the  i-f 
amplifier  will  be  allowed  —3  db 
from  maximum  gain  and  the  r-f 
head  will  be  allowed  —3  db  from 
maximum  gain  at  the  edges  of  the 
4-mc  band.  According  to  the  table 
of  Fig.  2,  each  tuned  circuit  in  an 
r-f  head  having  a grounded  grid 
r-f  stage  must  be  6 me  wide,  and 
each  tuned  circuit  must  be  8 me 
wide  in  other  r-f  heads. 

So  far,  the  discussion  has  neg- 
lected the  matter  of  reception  of 
the  69.75-mc  sound  carrier  with  its 
±25-kc  deviation  under  100-percent 
modulation.  Since  the  sound  car- 
rier is  2.5  me  from  the  resonant 
frequency  of  the  tuned  circuits,  a 
study  of  Fig.  2 reveals  that  the 
gain  is  down  4.4  db  from  maximum 
gain  at  sound  carrier  frequency 
for  an  r-f  head  having  a grounded- 
grid  stage,  and  4.2  db  down  for 
other  heads.  This  loss  relative  to 
picture-channel  midband  gain  can 
be  made  up  in  the  high-gain  sound 
i-f  amplifier  since  it  is  relatively 


easy  to  obtain  extra  gain  in  nar- 
row-band circuits. 

Noise  Considerations 

In  practice,  the  designer  consid- 
ers each  noise  source  along  the  path 
of  the  signal  from  the  input  up  to 
the  point  in  the  circuit  at  which 
new  noise  contributions  are  trivial 
in  importance  due  to  the  increasing 
magnitude  of  the  signal  and  the 
noise  from  earlier  circuits.  We 
must  start,  therefore,  with  a block 
diagram.  Fig.  3,  and  determine  the 
level  of  the  signal  and  of  the  noise 
for  as  many  points  along  the  cir- 
cuit as  seems  necessary. 

It  will  be  necessary  to  develop 
certain  gain  and  grid-equivalent 
noise-resistance  equations  that  do 
not  appear  in  the  literature,  and 
to  bring  out  carefully  the  difference 
between  the  correct  manner  of  com- 
bining the  noise  powers  from  each 
of  two  actual  resistances  and  the 
correct  manner  of  combining  noise 
power  from  a real  resistance  with 
that  of  a fictitious  resistance. 

Pentode  R-F  Amplifier 

There  are  four  basic  circuits 
from  which  to  choose:  the  conven- 
tional pentode  r-f  amplifier  of  Fig. 
4,  the  grounded-grid  amplifier  of 
Fig.  5,  the  cathode-follower  ampli- 
fier of  Fig.  6,  and  the  cathode- 
coupled  amplifier  of  Fig.  7.  The 
pentode  amplifier  will  be  discussed 
first,  calculating  the  tube-noise 
equivalent  resistance  referred  to 
the  grid,  then  the  optimum  anti- 
resonant resistance  of  the  circuit 
connected  to  the  grid  will  be  com- 
puted. Then  it  will  be  shown  how 
the  noise  powers  from  the  real  and 
the  equivalent  resistances  combine, 
the  optimum  plate  circuit  antire- 
sonant resistance  will  be  computed 
and  signal  and  noise  voltages  will  be 
referred  from  the  grid  to  the  plate. 

To  facilitate  calculation,  the  ac- 
tual tube  with  its  shot  effect,  cur- 
rent-division  noise,  and  other 
sources  of  noise  voltage  is  replaced 
by  a theoretically  noiseless  tube  in 
whose  grid  circuit  there  is  a ficti- 
tious resistor  having  a thermal- 
agitation  noise  voltage  which  pro- 


RECEIVERS 


485 


FIG.  3 — Noise  analysis  block  diagram.  Symbol  R denotes  a fictitious  noise-equlralent 

resistor 


duces  the  same  noise  voltage  in  the 
output  of  the  theoretical  tube  as 
there  is  in  the  output  of  the  actual 
tube.  This  fictitious  resistor,  the 
grid-equivalent  noise  resistor  of 


the  tube,  is  a legitimate  and  accu- 
rate equivalent  because  the  noise 
energy  of  a resistor  has  essentially 
the  same  flat  frequency  spectrum 
as  the  tube  noise.  The  value  of  the 
use  of  an  equivalent  noise  resistor 
lies  in  the  fact  that  noise  powers 
add  directly,  rather  than  noise  volt- 
ages adding  directly.  Therefore, 
noise-resistance  values  may  be 
added  directly  as  though  the  resist- 
ors were  in  series,  and  the  total 
noise  voltage  computed  accord- 
ingly. 

As  an  equivalent  of  the  situation 
wherein  noise-powers  from  a real 
and  a fictitious  resistor  must  be 
added  together,  assume  that  two 
different  resistors  of  value  Ra  and 
Rb  generate  noise  in  the  grids  of 
two  identical  noiseless  amplifiers 


using  pentodes  having  infinite  r^. 
Assume  that  each  amplifier  has  a 
voltage  gain.  A,  and  that  the  ampli- 
fiers have  a common  load  of  Rl. 
Then  the  total  noise  voltage  across 
the  load  resistor  is  given  by 

= (PnRLy^^  (1) 

where  P„  is  the  total  noise  power 
produced  in  Rl  by  the  two  tubes. 
As  shown  later,  the  thermal-agita- 
tion noise  voltage  from  a resistor 
Ra  can  be  expressed  as 

Ea  = K(Ray/»  (2) 

The  power  produced  in  the  plate 
load  due  to  a noise  voltage  Ea  at 
the  grid  is 


The  total  power  P„  can  be  expressed 
P„  = Pa  -f  Pft  (4) 

where  is  defined  by  Eq.  8 with 
subscript  b substituted  for  a.  Sub- 
stituting for  Pa  and  from  Eq.  3 
in  Eq.  4, 


P„  = (EPa  + E^t)  (6) 

Rl 

We  can  now  substitute  Eq.  5 in 
Eq.  1, 

Enp  = [AKEPa  + (6) 

Enp  = A{EPa  + EPbY/^  (7) 

Now,  substituting  from  Eq.  2 in 
Eq.  7, 

Enp=A[K^{Ra  + Rb)]^''^  (8) 

But  Enp  = AEng  (9) 

SO  Eng  = K(Ra  + RbY^^  (10) 


The  artifice  of  two  tubes  having 
a common  load  resistor  emphasizes 
the  fact  that  these  two  noise  contri- 
butions (one  from  a real  resistor, 
one  from  a fictitious  resistor) 
could  not  react  on  each  other 
earlier  in  the  circuit  than  the  plate 
load.  In  the  case  of  two  real  re- 
sistors connected  in  parallel  in  a 
given  circuit,  the  equivalent  resist- 
tance  of  the  two  is  computed  from 
the  well-known  parallel  relationship 
R = Ra  Ri/{Ra  + Rb)  (11) 

and  the  noise  voltage  is  simply  com- 
puted for  the  equivalent  resistor. 


Further  Development 


For  the  grounded-cathode  pen- 
tode amplifier  circuit  of  Fig.  4,  the 
grid-equivalent  noise  resistance  is 
given  by^ 


R =1^ 

Keg 


2.5 


+ 


207, 

Gm^ 


(12) 


where  /p,  /»,  and  1,  are  the  d-c  plate 
current,  d-c  cathode  current,  and 
d-c  screen  current  respectively,  and 
Gm  is  the  plate  transconductance  in 
mhos.  In  the  case  of  a 6AK5  tube 
operated  at  = 75  v,  E,c  = 76, 
Eg  = —0.6,  Ip  = 6.0  ma,  I,  = 1.5, 
G„  = 5,000  micromhos,  then  R,,  = 
1,360  ohms. 

From  the  thermal-noise-voltage 
equation"*, 

E = 2(K  k {Ry/\  (13) 

where 

K — Boltzman’s  constant  = 1.374 
XlO  **  joules  per  degree  K. 

T = absolute  temperature  of  re- 
sistor in  degrees  Kelvin. 

R = resistive  component  of  im- 
pedance across  which  volt- 
age is  developed. 

A/  = bandwith  of  circuit  through 
which  noise  voltage  is 

transmitted.  (This  defini- 
tion of  A/  as  the  overall  re- 
ceiver bandwidth  differs 

from  that  shown  ordinarily 
because  we  have  specified 
that  the  receiver  as  a whole 
has  a bandwidth  of  4 me, 
which  makes  it  unimportant 
whether  noise  components 
exist  in  the  r-f  section  over 
a greater  band  than  4 me). 
We  find  that  for  T = 300  degrees 
Kelvin  and  Af  = 4 me, 
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E — 0.26  {Ry/^  microvolts  (14) 

For  the  calculated  value  of  R for 
the  6AK5,  E = 9.6  microvolts.  This 
is  the  tube-noise  voltage  referred 
to  the  grid,  not  the  grid-circuit 
noise  voltage. 

From  classical  transformer  the- 
ory, Egrt,  the  signal  voltage  at  the 
grid  of  the  r-f  stage  is : 

Egrf  = Egr^i  (16) 

where  E^t  is  signal  voltage  from 
the  antenna,  Rant  characteristic  re- 
sistance of  the  antenna  transmis- 
sion line,  Rg  antiresonant  resistance 
of  the  grid  circuit  (this  quantity 
is  directly  measurable  with  an  r-f 
impedance  bridge  as  opposed  to  R 
in  Eq.  12).  It  is  evident  that  for 
maximum  signal  at  the  grid  the 
value  of  Rg  should  be  as  high  as 
possible.  Further,  if  we  compare 
Eq.  14  with  Eq.  15  we  see  that  the 
ratio  of  signal  voltage  at  the  grid 
to  noise  voltage  from  Rg  is  not  de- 
pendent on  the  value  of  Rg.  On  the 
other  hand,  an  increase  of  Rg  will 
bring  about  an  increase  in  Egrf  and 
noise  voltage  from  Rg  together, 
with  respect  to  the  tube-noise  volt- 
age which  is  not  dependent  on  Rg. 
As  a result,  the  net  S/N  ratio  is 
improved  due  to  the  tendency  for 
the  tube-noise  voltage  to  become 
relatively  insignificant.  Thus  an  in- 
crease in  R,  improves  both  gain 
and  S/N.  We  must  now  determine 
just  how  large  Rg  can  be  made 
without  violating  any  of  the  design 
requirements. 

H.  W.  Bode  shows*  that  for  a 
constant-shunt  C and  R,  regardless 
of  location  of  the  pass  band  of  a 
network  in  the  frequency  spectrum, 

A/  a \/RC  (16) 

where  / is  the  bandwidth  of  the  cir- 
cuit in  cps,  R is  the  shunt  resist- 
ance of  the  circuit,  and  C is  the 
shunt  capacitance  of  the  circuit.  In 
the  case  of  a simple  parallel  RLC 
circuit, 

A/  = 1/2x72(7  cps  (17) 

where  / is  the  frequency  at  which 
the  scalar  impedance  is  3 db  down 
from  maximum  value,  or 
72  = l/2x  (A/)(7  (18) 

From  the  equation  it  is  evident 
that  since  the  required  bandwidth 


is  fixed,  R will  be  maximum  for 
minimum  shunt  C.  Since  both  the 
circuit  gain  and  S/N  are  maximum 
for  maximum  R,  it  is  imperative 
that  C be  held  to  the  absolute  mini- 
mum. The  input  capacitance  for  a 
6AK5  tube  and  wiring  in  the  cir- 
cuit shown  in  Fig.  4 can  be  held  to 
7 [ifif  total.  For  an  8-me  band- 
width, from  Eq.  18,  R = 2,850 
ohms,  the  maximum  permissible 
value  of  Rg  for  8-mc  bandwidth. 

The  shunt  impedance  of  the  an- 
tenna as  seen  looking  into  the  grid 
side  of  the  input  transformer  may 
have  sufficient  variation  of  its  re- 
active component  over  the  band  of 
a given  channel  to  render  it  worthy 
of  close  scrutiny.  It  has  been  found 
that  the  reactance  variation  is 
small  enough  that  the  antenna  does 
not  narrow  the  receiver  pass  band, 
but  on  the  other  hand  it  is  not  small 
enough  to  allow  the  antenna  to  be 
properly  treated  as  a pure  resist- 
ance over  the  pass  band  of  a given 
channel. 

Inasmuch  as  it  is  necessary  to 
match  the  antenna  to  the  grid  cir- 
cuit to  prevent  reflections  on  the 
line,  if  the  antenna  impedance  were 
purely  resistive  over  the  band  the 
effective  resistance  shunting  the 
circuit  would  be  halved  by  connect- 
ing the  antenna  into  the  circuit, 
and  the  reactance  would  be  unaf- 
fected. In  such  an  event  the  r-f 
stage  grid  circuit  would  have  twice 
the  bandwidth  previously  com- 
puted. With  present  antennas  it 
appears  not  to  be  good  design  prac- 
tice to  depend  on  the  antenna  for 
band  widening,  but  it  is  surely  per- 
missible to  use  the  reduced  grid 
circuit  antiresonant  resistance  in 
computing  resistor  noise  voltage. 
The  latter  voltage  is  therefore  9.8 
microvolts.  The  total  noise  voltage 
at  the  grid  of  the  6AK5  amplifier 
is  then  = 13.7  microvolts. 

If  the  impedance  of  the  antenna 
transmission  line  is  75  ohms,  from 
Eq.  15,  E,g  = 6.16  x micro- 
volts. Thus,  a signal  of  22.2  micro- 
volts at  the  antenna  would  yield  a 
S/N  ratio  of  10  if  there  were  no 
noise  contributions  of  importance 
beyond  the  r-f  amplifier  grid. 


Gain 

To  assess  the  importance  of  noise 
sources  beyond  the  first  grid,  we 
must  next  compute  the  gain  of  the 
first  stage.  The  total  shunt  capaci- 
tance of  the  interstage  circuit  be- 
tween a 6AK5  r-f  amplifier  and  a 
6AK5  mixer  is  about  14  (jLfjif  for  a 
carefully  designed  circuit.  The  in- 
terstage antiresonant  resistance 
for  an  8-mc  bandwidth  is  1,425 
ohms.  The  gain  of  a pentode  of 
transconductance  5,000  micromhos 
operating  into  a tuned  tank  circuit 
of  antiresonant  resistance  R is 
given  at  the  resonant  frequency  by 

A = (?„72  = 7.12  (19) 

The  signal  voltage  at  the  6AK5 
amplifier  plate  is  then 

E,J,  = AEgg=  ^Z.SEant  (20) 

Similarly,  the  noise  voltage  at  the 
plate  due  to  r-f  stage  tube  noise 
and  grid-cricuit  noise  is 

= .4 = 97.6  microvolts  (21) 

The  most  convenient  process  for 
introducing  the  noise  contribution 
of  the  interstage  circuit  resistance 
and  the  mixer  tube  is  to  compute 
the  noise-equivalent  resistance  for 
the  noise  power  transmitted  from 
the  r-f  grid  to  the  r-f  plate,  and 
then  add  to  this  quantity  the  inter- 
stage circuit  resistance  and  the 
noise-equivalent  resistance  of  the 
mixer  tube.  The  r-f  stage  noise- 
equivalent  resistance  referred  to 
the  plate  can  be  computed  from  Eq. 
14  as  follows: 

(o  .26  ) 

where  Rnp  is  the  desired  resistance 
referred  to  the  plate,  and  E^g  is  the 
noise  voltage  at  the  plate  from  the 
grid,  as  before.  Substituting  from 
Eq.  21  in  Eq.  22, 

72„p  = ^2(^„,)V(0.26)2  (23) 

and,  substituting  for  E„g  from  Eq. 
14, 

72„p  = A-^Rng  (24) 

wherein  Rng  represents  the  total 
noise  resistance  in  the  r-f  grid  cir- 
cuit and  tube.  Then  Rng  = 141,200 
ohms. 

This  value  of  equivalent  noise  re- 
sistance is  quite  large  compared  to 
the  values  of  circuit  impedance  and 


RECEIVERS 


487 


equivalent  tube-noise  resistance  en- 
countered so  .far.  Therefore  we  can 
at  least  make  a good  first  approxi- 
mation to  the  correct  S/N  ratio  of 
the  complete  unit  without  any 
further  data.  This  approximate  r-f 
head  S/N  ratio  can  be  computed 
from  the  data  given,  S/N  = 
E,JEng  — 0.450  E„nu  Although  it 
is  current  practice  to  express  the 
S/N  characteristic  of  a receiving 
system  by  use  of  the  system  noise 
figure,  it  is  more  convenient  to  use 
S/N  voltage  ratio  as  defined  above 
for  purposes  of  calculation,  and 
then  convert  to  noise  figure  as  a 
final  basis  for  comparison. 

To  summarize  the  data  computed 


FIG.  5 — Grounded-grid  triode-ompliiier 


on  the  6AK5  grounded-cathode  r-f 
amplifier,  E„  = 43.8  Rnp  = 
141,200  ohms.  We  find  later  that 
for  the  case  of  a 6AK5  grounded- 
cathode  amplifier  coupled  to  a 
grounded-grid  mixer  the  interstage 
capacitance  is  only  7 [ji{j.f,  so  that 
the  interstage  resistance  level  can 
be  doubled,  which  doubles  the  r-f 
gain  and  yields  E'„  = 87.6  E^„ 
R'np  = 564,800  ohms. 

Triode  Grounded-Grid  Amplifier 

Next  consider  the  grounded-grid 
triode  amplifier  circuit  of  Pig.  6. 
The  noise-equivalent  resistance  of 
a triode  grounded-cathode  amplifier 
referred  to  the  grid  is  given  by 
Terman*  as 

Rn  = 3/(?m  ohms  (25) 

Using  Eq.  14  the  equivalent  noise 
voltage  at  the  grid  of  the  tube  is 

Eng  = 0.26  microvolts  (26) 

However,  in  the  grounded-grid  am- 
plifier, as  in  any  other  amplifier 
having  impedance  in  the  cathode 
circuit,  the  application  of  an  a-c 


voltage  e„  between  grid  and  ground 
will  produce  an  a-c  plate  current. 


rp  + ZL+  Zk  (m  + 1) 

where  h is  the  resultant  plate  cur- 
rent, r,  is  the  a-c  plate  resistance 
of  the  tube,  Zi,  is  the  load  imped- 
ance between  plate  and  ground, 
Zg  is  the  impedance  connected  be- 
tween cathode  and  ground,  and  ^ 
is  the  amplification  factor  of  the 
tube.  In  response  to  the  current  /«, 
there  will  be  a voltage  E'ne  from 
cathode  to  ground. 


jpr  _ jp  

E nc  Eng  Zk  (/U  -H  1)^ 

(28) 

which  refers  the  noise  voltage  to 
the  true  input  of  the  grounded- 
grid  amplifier.  Since  both  plate 
load  and  cathode  circuit  are  reso- 
nant at  the  same  frequency,  at  the 
center  of  the  transmission  band  of 
the  amplifier,  Eq.  28  becomes 

Tf!  Tp  M Rk 

’“'rp-f i2x(M+ 1)^ 

(29) 

where  Rk  is  the  resistive  compon- 
ent of  impedance  connected  be- 
tween cathode  and  ground.  How- 
ever, the  input  impedance  of  a 
grounded-grid  amplifier  at  reson- 
ant frequency  is  given  by  Jones®  as 


Ri  = ohms  (30) 

and  the  input  transformer  must 
match  this  resistance  if  reflections 
are  to  be  avoided  in  the  transmis- 
sion line  to  the  antenna.  Then, 

Rk  = Ri 


Rk  = (31) 

Substituting  for  Rk  from  Eq.  31  in 
Eq.  29  we  have. 


E'nc  — En 


E'nc  = En 


(rp  -h  Rl) 
' (a*  + 1) 


Tp  -b  .Si  -f-  (m  + 1) 


(rp  -b  Si) 


(m  + 1) 
microvolts  (32) 


2 (m  + 1) 

It  can  be  shown  in  general  that 


E'ne  = EngAgk  microvolts  (32 . 1) 

where  A,*  is  the  gain  from  grid  to 
cathode  that  would  be  obtained  if 
a signal  were  injected  between 
grid  and  ground.  Equation  32 


shows  the  value  of  the  tube  noise 
voltage  of  a grounded-grid  triode 
amplifier  referred  to  the  cathode 
circuit  for  the  particular  case 
where  the  cathode  load  resistance 
matches  the  input  resistance  of  the 
tube.  To  simplify  the  equation  for 
circuits  using  a tube  of  [l  appre- 
ciably greater  than  1, 

E'ne  “ (33) 

Comparing  Eq.  33  to  Eq.  26  and 
25,  for  the  particular  value  of  Rk 
selected, 

R'n  = (34) 

and 


where  R'n  is  the  noise  equivalent 
resistance  (of  a grounded-grid  am- 
plifier stage)  referred  to  the 
cathode. 

If  desirable  or  necessary  to  pro- 
vide a different  cathode  impedance 
than  Rl  in  Eq.  30  the  noise  resist- 
ance changes.  In  general,  referring 
to  Eq.  26  and  32.1  we  have 

R'n  = RnAgk^  (24.2) 

From  inspection  of  Eq.  29,  if  ^ is 
much  greater  than  one,  then  for 
those  circuits  in  which  Rk  is  of  the 
same  order  as,  or  greater  than, 
(Tp  + Rk),  we  can  write  approxi- 
mately, 

E'nc  = Eng  (36) 

For  this  grounded-grid  r-f  am- 
plifier circuit,  however,  we  must 
match  the  input  circuit  to  the  an- 
tenna, so  the  equivalent  noise  re- 
sistance is  given  by  Eq.  35.  For 
a 6J4  operated  at  15  ma  of  plate 
current,  = 0.012  mho,  r,  = 4,- 
500  ohms,  and  jx  = 54,  so  that 
R'n  = 62.5  ohms. 

Since  the  plate-circuit  impedance 
of  a class-A  amplifier  is  the  actual 
load  impedance  shunted  by  the  a-c 
plate  resistance  of  the  tube,  in 
the  case  of  the  triode  amplifier  the 
correct  antiresonant  impedance 
of  the  load  circuit  proper  is 
appreciably  higher  (for  a given 
bandwidth)  than  for  a pentode. 
The  6J4  triode  has  substantially 
the  same  output  capacitance  as  the 
6AK5,  so  that  the  same  interstage 
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anti  resonant  resistance  of  1,425 
ohms  is  required.  With  an  a-c  plate 
resistance  of  4,500  ohms,  the  load 
circuit  itself  should  have  an  anti- 
resonant resistance  of  2.080  ohms 
(iJjr  in  Eq.  30).  Substituting  the 
proper  values  in  Eq.  31,  i2jr  = 120 
ohms.  The  total  noise  resistance  in 
the  input  (cathode)  circuit  is  then 
122.5  ohms,  since  iiJ/r  (i  because 
of  the  shunting  effect  of  the  an- 
tenna) and  R'n  add  directly  as  re- 
quired by  Eq.  11. 

If  we  change  notation  in  Eq.  15 
to  refer  to  Rk  instead  of  R,,  and 
Ek  instead  of  E„  we  have 

EKgorf  ~ Eant  iR'K / OT 

E,k  =1.27  Eant 

The  tube  gain  is  simply  the  ratio 
of  Rl  to  Rk,  since  the  same  signal 
current  flows  through  both  plate 
load  and  cathode  circuit.  Thus, 

A = Al/K/c  = 17.35  (37) 

The  signal  voltage  at  the  plate  of 
the  grounded-grid  r-f  amplifier  is 
then 

= A ^.Jr  = 22.0  Eant  (38) 

The  total  cathode  noise  resistance 
referred  to  the  plate  circuit  is,  Eq. 
24,  Rnp  = 36,800  ohms.  To  perform 
the  same  input  circuit  S/N  calcu- 
lation (as  a first  approximation  to 
the  receiving  system  S/N) , already 
done  for  the  6AK5:  Enu  = 2.87 
microvolts,  and  S/N  =■  E.^/Enk  = 
0.442  Eant. 

A signal  of  22.6  microvolts  at  the 
antenna  would  be  required  for  an 
S/N  of  10.  Note  that  S/N  is  bet- 
ter for  the  6AK5  grounded-cathode 
amplifier  than  it  is  for  the  6J4 
grounded-grid  amplifier  thus  far. 
On  the  other  hand,  the  6J4  cathode 
circuit  has  a very  interesting  char- 
acteristic. Since  Rk  is  120  ohms, 
and  the  shunt  capacitance  across 
the  cathode  circuit  totals  about 
7 {jifjif,  we  find  from  Eq.  17  that  A/  = 
l/^izRC  = 190  me.  This  means  that 
the  cathode  circuit  may  be  tuned 
to  135  me  and  there  is  no  need  for 
adjustment  to  receive  stations  be- 
tween 54  and  216  me. 

We  shall  later  show  that  Ri,  = 
4,500  ohms  is  desirable  for  the  6J4 
grounded-grid  r-f  when  used  with 
a 6J4  grounded-grid  mixer,  and  for 


that  condition,  Rk  = 164  ohms.  Ram 
— 144.5  ohms,  E.a  = 1.48  Eant,  A = 
27.5,  E.p  = 40.7  Earn,  Rnp  = 104,500 
ohms,  and  S/N  = 0.475  Eant. 

Cathode-Follower  Amplifier 

In  the  cathode-follower  r-f  ampli- 
fier circuit  of  Fig.  6,  the  optimum 
step-up  ratio  for  the  output  trans- 
former is  needed  in  addition  to  the 
other  calculations  encountered  in 
the  previous  circuits. 

When  an  a-c  grid-to-cathode  volt- 
age of  EpK  volts  is  applied  to  a cath- 
ode follower  whose  load  resistance, 
Rk,  is  small  compared  to  the  a-c 
plate  resistance,  the  resultant  cath- 
ode current  is 

/*  = Eptffk  (39) 

where  G»  is  the  cathode  transcon- 
ductance. The  voltage  across  a 
cathode  load,  Rk,  is  Ek  where 

Ek  = IkRk  = EpkGrRk  (40) 


The  grid-to-ground  voltage  that 
was  required  to  produce  this  cath- 
ode voltage  is 

Eg  = EgK  -i"  Ek  = EgK  (1  + GkRk)  (41) 
and  the  gain  from  grid  to  cathode 
is 

Aef  = Ek/ Eg  = GkRk/{\  + GkRk)  (42) 

From  Eq.  15  the  step-up  from  an- 
tenna to  grid  is  Ai  = (Ri/Rant)*  and 
the  step-up  from  cathode  to  output 
resistor  i2  is  A*  = (Rp/Rk)  ^ where 
Rk  is  the  load  resistance  presented 
to  the  cathode  by  the  output  trans- 
former. 

The  total  gain  of  the  cathode- 
follower  amplifier  from  antenna  to 
Ra  is 

A = AiAc/Aa  (43) 

Substituting  for  Act  and  each  of 
which  is  dependent  on  Rk, 


AiGk  iRkR2)^/^ 
I + GkRk 


(43.1) 


To  determine  the  value  of  Rk  for 
maximum  gain  the  derivative  of  A 
with  respect  to  Rk  is  set  equal  to 
zero.  The  gain  A,  is  dependent  on 
Rk  only  by  virtue  of  the  dependence 
of  input  capacitance  of  the  tube  on 
the  grid-to-cathode  gain,  Act,  which 
is  in  turn  dependent  on  Rk.  The 
degree  of  dependence  of  A,  on  Rk 
is  so  slight  that  Ai  changes  only 
20  percent  as  Rk  goes  from  zero  to 
infinity,  so  we  shall  assume  Ai  to  be 
invariant  with  Rk  in  performing 
the  differentiation.  Then 

dA 

= AiGk  {Rty^  X 

aKk 

-^[m^/^/n+GkEk)] 

and  it  can  be  found  that 

Rk  = 1/Gk  (44) 

The  driving  impedance  seen  by  the 
load  of  a cathode  follower  is  equal 
to  1/Gjc,  so  the  above  result  is  quite 
in  keeping  with  the  usual  relation- 
ship for  matching  a load  to  a gen- 
erator for  maximum  power  trans- 
fer. Note  that  the  above  condition 
has  no  relation  to  the  condition  for 
maximum  power  output  from  a 
cathode  follower  when  the  available 
input  signal  is  unrestricted.  Sub- 
stituting for  Rk  from  Eq.  44  in  Eq. 
43.1,  we  have 

A = HAi  (GkR/)^  (46) 

A = {GkRxRi/RnntY^  (46) 

Having  obtained  the  basic  gain 
equation  for  the  circuit,  we  can 
evaluate  the  signal  and  noise  trans- 
missions to  the  output.  The  cathode- 
follower  r-f  amplifier  grounded-grid 
mixer  combination  would  not  re- 
quire an  interstage  transformer,  so 
we  need  only  consider  the  combina- 
tions involving  a straight  pentode 
mixer  or  a cathode-coupled  mixer  in 
computing  the  value  for  Rg.  For 
both  the  6AK5  pentode  mixer  and 
the  6J6  cathode-coupled  mixer,  the 
input  capacitance  of  tube,  socket, 
and  wiring  is  about  7 (xfif,  so  Ra 
must  be  2,850  ohms  for  an  8-mc 
bandwidth.  Using  either  the  6J6 
(sections  paralleled)  or  the  6J4  as 
r-f  stage,  the  Gk  is  12,000  mi- 
cromhos for  an  obtainable  operat- 
ing condition.  The  output  trans- 
former ratio  Ra/RK  — R/Gk  = 34.2 
impedance  ratio.  With  such  an 
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impedance  step-up,  the  5 jiLjjif 
cathode-to-ground  capacitance  of 
the  cathode-follower  adds  only  0.146 
(jLfif  to  the  capacitance  loading  across 
Ri,  so  we  may  neglect  it. 

The  input  capacitance  to  either 
a 6J6  or  a 6J4  cathode  follower  is 
about  6 [j.tJLf  so  Ri  is  3,320  ohms  for 
an  8-mc  bandwidth. 

The  cathode  follower  gain  is  then 
A = 19.5. 

Computing  the  tube  noise-equiv- 
alent resistance  from  Eq.  25,  since 
the  presence  of  cathode  feedback 
does  not  modify  the  inherent  S/N 
of  the  tube,  Rn  = 3/Gjr  = 250  ohms. 
The  grid-circuit  antiresonant  re- 
sistance is  made  up  of  the  trans- 
formed antenna  resistance  in  paral- 
lel with  the  3,320-ohm  damping 
resistor,  or  1,660  ohms  net  noise  re- 
sistance. The  total  noise  resistance 
effective  in  the  input  circuit  is 
R„t  = -f  = 1,910  ohms. 

The  amplified  and  transformed 
total  noise  resistance  at  the  ouput 
side  of  the  output  transformer  can 
be  computed  with  the  aid  of  Eq.  24, 


Rm  = {A^AiYRnt  (47) 

By  Eq.  43,  45,  47, 


R»t  =*  1 GkRiRni  = 16,350  ohms  (48) 


From  Eq.  26  the  noise  voltage 
across  Ra  (excluding  the  noise  from 
Ri  itself  as  well  as  the  mixer  noise 
which  is  yet  to  be  computed)  is 
— 33.3  microvolts. 

Since  the  gain  is  19.5,  S/N  = 
AEant/E„s  = 0.585  Eani-  A signal 
of  17.1  microvolts  at  the  antenna 
would  produce  an  S/N  of  10  for 
this  circuit  if  there  were  no  further 
noise  contributions. 

Remembering  that  Ri  in  Eq.  30 
represents  the  input  resistance  to 
a grounded-grid  stage,  and  that  Rk 
in  Eq.  42  is  the  load  resistance  of 
a cathode  follower,  the  choke  in  the 
cathode  lead  (Fig.  7)  is  made  anti- 
resonant with  stray  capacitance  at 
the  center  of  the  transmission  band, 
so  that  to  a close  approximation 


Ri  — Rk- 

Then,  using  the  equations,  the 
overall  gain  of  the  cathode-coupled 
amplifier  is 


A 


ce 


GmxRL 


1 + (?ml  X 


fpt  Rl 
Am  + 1 


I 

J 


For  a bandwidth  of  8 me  per  inter- 
stage, the  required  damping  re- 
sistor value  is  calculated  from  Eq. 
18  to  be  1,400  ohms.  Likewise,  for 
the  same  bandwidth  in  the  antenna- 
to  r-f  grid  transformer,  a damping 
resistor  value  of  3,320  ohms  is  re- 
quired. 

For  the  6J6,  Gm  is  5,000  microm- 
hos, Vp  is  6,600  ohms,  and  [x  is  33, 
so  Ace  = 21.4. 

To  calculate  the  signal-to-noise 
voltage  ratio  of  the  cathode-coupled 
amplifier,  we  need  to  combine  the 
noise  contributions  of  the  two 
tubes.  The  equivalent  noise  resist- 
ance at  the  high  side  of  the  antenna- 
to-grid  transformer  is  half  of  the 
damping  resistor  value,  or  1,650 
ohms.  The  grid-equivalent  noise 
resistance  of  the  cathode-follower 
stage  having  a Gk  of  5,000  mi- 
cromhos can  be  readily  computed  to 
be  600  ohms.  Adding  these,  the  to- 
tal noise  resistance  is  2,250  ohms. 

The  ratio  of  cathode  voltage  to 
grid  voltage  in  the  cathode  fol- 
lower is  0.541,  and  the  value  of 
grid  circuit  noise  resistance  trans- 

Table  1 — Amplifier  Circuit  Sum- 
mary (Excluding  Interstage  and 
Mixer  Noise) 


Circuit 

Tube 

Voltage 

Gain 

S/N 

Output 

Rn 

Groimded- 

6AK5 

43.8 

0A50E, 

141,200 

Cathode 

87.6 

0.450£. 

564,800 

Grounded- 

6J4 

22.0 

0.362F. 

35.000 

Grid 

Cathode- 

6J4 

19.5 

0.585£. 

16,350 

Follower 

Cathode 

6J6 

21.4 

0.495£. 

27,600 

Coupled 

39.1 

0.537£. 

78,500 

FIG.  7 — Cathode-coupled  r-f  amplifier 


mitted  to  the  cathode  of  the  cathode 
follower  is 

Rni  = A^iRn  = 658  ohms  (24) 

To  introduce  the  noise  contribu- 
tion of  the  grounded-grid  section  of 


the  cathode-coupled  amplifier,  we 
must  use  the  relationship  given  by 
Eq.  29, 


rp -f  ftL -H /2k(m  + 1) 

microvolts 

In  this  application  Rk,  the  cathode 
load  for  the  grounded-grid  section, 
is  the  output  impedance  of  the 
cathode-follower  section.  Since  the 
output  impedance  of  a cathode  fol- 
lower is  the  same  as  the  input  im- 
pedance of  a similar  tube  used  as  a 
grounded-grid  amplifier  with  no 
plate  load,  we  may  use  Eq.  30  in  the 
form,  R,  = rp/((x  -f-  1)  ohms, 
where  Ro  represents  the  dynamic 
portion  of  the  output  impedance  of 
a cathode  follower.  Using  previ- 
ously quoted  values  for  a single 
section  of  a 6J6,  R^  — 194 

ohms. 

Substituting  this  value  for 
Rk  in  Eq.  29  along  with  other 
values  previously  given,  E\  — 
0.452j&„.  Making  use  of  Eq.  26, 
we  find  that  R'n  = 0.205  J?„.  Since 
Rn  has  already  been  computed  to  be 
600  ohms,  R'n  = 123  ohms.  This 
value  of  R'n  can  now  be  added  to  the 
658-ohm  contribution  of  the  input 
transformer  and  cathode  follower 
to  give  the  total  noise  contribution 
of  both  tubes  and  the  input  circuit, 
viewed  at  the  common  cathode 
point,  as  781  ohms.  Applying  Eq. 
24  again  to  determine  the  value 
of  the  above  noise  resistance  as 
viewed  at  the  final  output  point  of 
the  cathode-coupled  amplifier,  we 
have  Rn  — 27,600  ohms  where 
5.95  is  the  cathode-to-plate  gain 
of  the  grounded-grid  section 
as  determined  in  the  computa- 
tion of  Aee.  The  noise  voltage  in 
the  output  can  be  computed  using 
Eq.  26,  ignoring  the  noise  from  the 
interstage  transformer  and  the 
mixer,  Enp  = 43.2  microvolts  and 
S/N  = 0.495  En. 

For  operation  with  a grounded- 
grid  mixer  (Fig.  10c),  Rl  should  be 
2,850  ohms.  For  this  condition  Ace 
is  39.1  for  the  combination  with  the 
6J4  mixer.  Act  is  0.580  (ratio  of 
grid  voltage  to  cathode  voltage  in 
the  cathode  follower),  R^  is  757 
ohms,  E'n  is  0.420£7„,  R'n  is  0.1765 


490 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


Rn,  R'n  is  106  ohms,  the  noise  re- 
sistance contribution  of  the  trans- 
former and  cathode  follower  is  767 
ohms,  the  total  noise  resistance 
seen  at  the  common  cathode  is  763 
ohms,  Rni  is  78,500  ohms  (viewed 
at  the  final  output  point  of  the 
cathode-coupled  amplifier) , the 
cathode-to-plate  gain  of  the  ground- 
ed-grid section  is  10.14,  Fnp  is  72.8 
microvolts,  and  S/N  is  0.537^7„. 

Pentode  Mixer 

E.  W.  Herold  shows*  that  Gc,  the 
conversion  transconductance  of  a 
pentode  plate  detector  having  sig- 
nal and  oscillator  voltages  both  in- 
troduced at  the  control  grid,  is 

Oc  = 0.23Oo  (49) 

if  the  oscillator  voltage  swings  the 
mixer  from  zero  bias  to  cutoff  and 
Go  is  the  cathode  transconductance 
of  the  tube,  that  is  the  change  in 


FIG.  8 — Several  mixer  circuits  for  use 
without  an  r-f  stage 


cathode  current  per-unit-change  in 
grid  voltage.  Since  Herold  has 
made  the  assumption  that  Go  and 
lo  are  1.25  times  the  corresponding 
plate  transconductance  and  plate 
current  (a  valid  approximation  for 


many  pentodes)  for  purposes  of 
this  paper  we  may  express  Eq.  49 
in  terms  of  G^  by  a suitable  change 
of  constants.  Thus, 

= 0.287  (50) 

With  a peak  of  the  6AK5  mixer 
of  0.01  mho,  the  conversion  trans- 
conductance is  Go  = 0.00287  mho. 

To  transform  the  signal  down  to 
a 75-ohm  impedance  level  for  trans- 
mission to  the  i-f  amplifier,  we  may 
either  tap  down  on  the  plate  coil  for 
the  output,  or  make  use  of  a small 
(6  ftfxf)  capacitance  series  resonant 
with  the  net  inductive  reactance  of 
the  plate  tank.  The  latter  method 
has  the  advantage  of  simpler  coil 
construction  and  the  disadvantage 
of  adding  about  50  percent  to  the 
capacitance  shunting  the  circuit. 
In  the  interests  of  maximizing  gain 
and  bandwidth,  we  will  then  use  the 
tapped  coil,  or  autotransformer  cir- 
cuit. 

If  the  output  of  the  mixer  were 
impressed  on  a purely  resistive  75- 
ohm  load,  the  total  capacitance 
shunting  the  mixer  plate  circuit  is 
the  (approximately)  5-(iitJ.f  output 
capacitance  of  the  mixer.  However, 
the  actual  load  connected  to  the  out- 
put will  be  a second  r-f  transformer 
whose  resonant-frequency  input  im- 
pedance is  75  ohms  resistive.  If 
we  use  an  autotransformer  to 
terminate  the  receiving  end  of  the 
output  coaxial,  its  net  effect  on  the 
mixer  plate  circuit  will  be  to  con- 
nect in  shunt  the  grid  circuit  of  the 
first  i-f  amplifier  stage.  Assuming 
the  use  of  such  an  input  trans- 
former and  a 6AK5  first  i-f  ampli- 
fier, the  total  effective  capacitance 
shunting  the  mixer  plate  circuit 
will  be  14  tiaf,  which  will  call  for  a 
net  antiresonant  resistance  of  the 
load  of  1,425  ohms  (see  calculation 
for  6AK5  amplifier-to-6AK5-mixer 
interstage)  consisting  of  2,850 
ohms  shunted  across  the  mixer 
plate  circuit  and  2,850  ohms  across 
the  first  i-f  stage  grid  circuit.  The 
conversion  gain,  A^,  is  the  product 
of  conversion  transconductance  and 
load  impedance,  so  A„  = 4.09. 

The  mixer  plate  transformer 
must  be  designed  to  transform 


from  a 2,850-ohm  level  to  a 75-ohm 
level  so  there  will  be  a voltage  step- 
down  from  mixer  plate  to  coaxial 
output  jack.  The  nqt  voltage  gain 
from  the  grid  of  the  mixer  to  the 
coaxial  output  jack  is  A\  — A„ 
(75/2850)*  = 0.664. 

For  the  6AK5  mixer  of  Fig.  8, 
the  noise  resistance  is  shown  by 
Herold*  to  be  where 

Rnm=  (^15 + 21-^^  Go  (51) 

and  where  /„  and  Go  refer  to  zero 
bias  cathode  current  and  cathode 
transconductance  of  the  mixer  tube 
respectively.  Changing  from  Go  to 
G,„  as  before, 

B..  _ 1^16^  (52, 

For  a 6AK5  tube  at  a screen  voltage 
of  120  volts,  the  zero-bias  plate  cur- 
rent is  20  ma  and  the  zero  bias 
transconductance  is  10,000  mi- 
cromhos or  0.01  mho.  Therefore, 
by  Eq.  29  the  tube  noise  equivalent 
resistance  referred  to  the  grid  is 
R„„,  = 4,560  ohms. 

Table  I and  the  data  computed 
for  the  6AK5  mixer  form  Table  II, 
which  summarizes  the  features  of 
the  6AK5  mixer  in  combination 
with  various  r-f  amplifiers.  The 
quantity,  Rtnt,  used  in  Table  II  is  the 
sum  of  mixer  equivalent-grid  noise 
resistance  and  interstage  noise  re- 
sistance; while  jB„  is  the  sum  of  i2«„, 
and  the  output  noise  resistance 
for  the  appropriate  r-f  ampli- 
fier as  listed  in  Table  I.  The 
quantity  Rn  (A'*)^  is  in  turn  equal 
to  Rn  referred  to  the  coaxial  output 
jack  of  the  unit. 

Technically,  before  computing  En, 
we  should  add  the  transformed 
total  noise  resistance  of  the  first  i-f 
input  circuit  plus  the  first  i-f  tube 
equivalent-grid  noise  resistance, 
but  practically  the  term  is  neglig- 
ible (2,850  ohms  circuit  resistance 
plus  1,360  ohms  first  i-f  tube  grid 
equivalent-noise  resistance  equals 
4,210  ohms  which  is  transformed  in 
impedance  in  the  ratio  75/2,850  to 
yield  111  ohms  effective  at  the  coax- 
ial cable  jack). 


RECEIVERS 


491 


The  6J6  Mixer  Circuit 

For  the  6J6  mixers  of  Fig.  9,  the 
equivalent  noise  resistance  is® 

R = 13/Go  (53) 

for  the  mixer  section  of  the  tube, 
where  Go  is  the  zero  bias  transcon- 
ductance in  mhos  of  the  tube.  An 
additional  source  of  noise  in  this 
circuit  is  the  triode  section  that  is 
used  to  transmit  oscillator  voltage 
to  the  mixer  proper.  The  noise  re- 
sistance of  a triode  is  (Eq.  25) 
R = S/G„,  where  G„  is  the  average 
transconductance  of  the  tube  in 
mhos.  To  a reasonable  approxima- 
tion, the  average  transconductance 
is  equal  to  half  of  Go,  the  peak 
transconductance,  so  we  may  write 


version  gain  A<,  = 2.59. 

The  cathode  circuit  may  be 
either  a low-impedance-level  selec- 
tive-narrow-band circuit  resonated 
at  local  oscillator  frequency,  in 
which  case  it  must  be  tuned  from 
station  to  station;  or  it  may  be  a 
broad-band  circuit,  in  which  case  it 
cuts  the  conversion  gain  to  one  half 
(this  can  be  proved  by  use  of  Eq. 
27  to  determine  the  gain  of  a tube 
whose  cathode  load  impedance  is  the 
cathode  output  impedance  of  a sim- 
ilar tube)  but  does  not  have  to  be 
tuned.  The  conversion  gain  for  the 
6 J6  mixer  with  a wide-band  cathode 
circuit  is  therefore  1.30.  Since  we 
use  the  same  impedance  transfor- 


Grounded-Grid Mixer 

The  grounded-grid  mixer  shown 
in  Fig.  10  has  several  features  that 
require  an  analysis  quite  different 
from  that  for  the  pentode.  In  the 
case  of  the  circuits  of  Fig,  lOA  and 
IOC  it  is  found  that  the  impedance 
level  of  the  amplifier  plate  load  can 
be  doubled  (for  the  same  overall 
r-f  head  bandwidth)  thus  doubling 
amplifier  gain.  Assuming  that  the 
input  impedance  to  the  mixer  is 
about  80  ohms  and  that  the  input 
capacitance  is  7 fxiif,  the  bandwidth 
of  the  mixer  cathode  circuit  is  ap- 
proximately 285  megacycles.  From 
a different  viewpoint,  the  circuit 
behavior  can  be  summarized  by  say- 
ing that  the  grounded-grid  mixer 


Table  II — Summary  of  Performance  of  6AK5  ^^er  with  Various 

Amplifiers 


R-F  Amplifier 

Tube 

Rrf 

Hint 

Rn 

Rn  (A'c)* 

En 

Gain  S/N 

Grounded-Cathode  6AK5 

141,200 

6,000 

147,200 

65,000 

66.3 

29.1 

0.4?40£J4| 

Grounded-Grid 

6J4 

55,000 

6,000 

61,000 

26,900 

42.6 

14.6 

0.343E„ 

Cathode-Follower 

6J4 

16,350 

7,400 

23,750 

10,470 

26.6 

13.0 

0.489£:„ 

Cathode-Coupled 

6J6 

27,600 

6,000 

33,600 

14,800 

31.6 

14.2 

0.449£;« 

Table  III- 

-Performance  of  6J6  Mixer  with  Various  Amplifiers 

R-F  Amplifier 

Tube 

R 

R(A'cy 

Rnt 

En 

S/N 

Total 

Gain 

Pentode 

6AK5 

145,500 

25,650 

266,760 

42.5 

0A33Eant 

18.40 

Grounded-grid 

6J4 

59,300 

10,470 

10,580 

26.8 

0.345£;„n, 

9.24 

Cathode-Follower 

6J4 

20,100 

3,540 

3,650 

15.7 

0.521Eant 

8.18 

Cathode-coupled 

6J6 

31,900 

5,630 

5,740 

19.7 

0A56Ea»t 

8.98 

the  total  noise  resistance  for  the 
twin-triode  mixer  as 

R,  = 19/Go  (54) 

Under  the  intended  operating  con- 
ditions, the  peak  transconductance, 
Go,  of  a 6J6  is  6,500  micromhos  so, 
Ro  = 2,920  ohms.  As  in  the  case 
of  the  6AK6  mixer,  the  tube  noise 
resistance  is  small  but  not  neglig- 
ible, compared  with  the  total  noise 
resistance  in  the  plate  of  the  pre- 
ceding r-f  stage. 

The  conversion  transconductance 
is* 

Go  = 0 .28  Go  = 0 .00182  mho.  (55) 
Since  the  output  capacitance  of  the 
6J6  is  substantially  the  same  as 
that  of  the  6AK5,  the  same  load 
impedance  can  be  used  and  the  con- 


mation ratio  in  the  6J6  mixer  plate 
circuit  as  in  the  6AK5  mixer  cir- 
cuit, (the  two  tubes  have  practic- 
ally the  same  output  capacitances), 
the  gain  of  the  6J6  from  signal  grid 
to  coaxial  output  jack  is  A'e  = 0.42 
for  the  switched  cathode  circuit  and 
0.21  for  the  fixed  cathode  circuit. 

We  may  repeat  the  process  used 
in  setting  up  Table  II  for  the 
6AK5,  this  time  introducing  the 
quantity  R„t  which  is  equal  to 
R(A'o)’‘  plus  the  transformed  noise 
resistance  of  the  first  i-f  stage.  111 
ohms.  In  Table  III,  the  figures 
given  are  for  the  tunable  cathode 
circuit.  For  fixed-tuned  operation, 
the  gain  figures  are  half  of  those 
shown. 


FIG.  9 — Circuits  employing  a 6J6  mixer. 
For  narrow-band  cathode  circidt  ot  (A), 
CjT  or  100  ftfil  is  added  and  is  adjusted 
to  resonate  with  Cg  at  the  oscillator  fre- 
quency. For  wide-band  cathode  circuit 
at  (B),  Lg  is  adjusted  to  resonate  with 
stray  capacitance 

input  provides  no  significant  capaci- 
tive loading  on  the  r-f  amplifier- 
mixer  interstage. 

In  the  case  of  the  grounded-grid 
amplifier  grounded-grid-mixer  com- 
bination of  Fig.  lOB,  it  is  not  only 
possible  to  increase  the  impedance 
level  of  the  amplifier  plate  load, 
but  it  is  also  conceivable  that  some 
impedance  lower  than  the  maxi- 
mum allowed  by  the  bandwidth 
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would  give  a maximum  gain  for  the 
overall  unit  due  to  the  interaction 
of  the  stages  on  each  other. 

In  the  case  of  the  cathode-fol- 
lower r-f  amplifier  grounded-grid- 
mixer,  the  circuit  is  indistinguish- 
able from  a cathode-coupled  mixer 
operating  without  an  r-f  amplifier 
except  for  one  point.  The  single 
point  of  difference  between  the  two 
circuits  is  the  choice  of  the  plate 
to  be  used  for  output.  This  ‘‘no  r-f 
cathode-coupled  mixer”  configura- 
tion is  the  better  so  we  shall  drop 
the  cathode-follower  r-f  grounded- 
grid-mixer  combination  and  discuss 
its  twin  in  a later  section. 

The  primary  feature  that  re- 
quires individual  treatment  for 
each  r-f  amplifier  circuit  associated 
with  a grounded-grid  mixer  is  the 
cathode  load  impedance  presented 
to  the  mixer  by  the  amplifier  and 
the  influence  of  this  impedance  on 
cathode-equivalent  noise  resistance 
of  the  mixer. 

Referring  to  the  pentode  r-f 
grounded-grid-mixer  circuit  of  Fig. 
lOA,  the  a-c  plate  resistance  of  the 
pentode  is  of  the  order  of  0.3 
megohm,  so  that  with  an  interstage 
impedance  transformation  ratio  of 
(for  instance)  3,000:100  ohms,  the 
load  resistance  presented  to  the 
mixer  cathode  is  about  10,000  ohms. 
This  is  such  a large  cathode  load 
resistance  that  the  grid-to-cathode 
gain,  A,k  in  Eq.  32.1  is  essentially 
unity.  Therefore  Eq.  53  gives  the 
desired  noise  resistance,  867  ohms. 
This  is  small  but  not  completely 
negligible  compared  to  the  output 
noise  resistances  of  other  amplifiers. 

In  the  6J4  grounded-grid  r-f  6J4 
grounded-grid-mixer  combination 
we  are  faced  with  the  problem 
of  providing  maximum  voltage 
transfer  to  the  input  impedance  of 
the  mixer.  Since  the  plate  load 
impedance  of  a mixer  is  very  low  at 
the  signal  frequency,  the  input  im- 
pedance of  the  grounded-grid  mixer 
is  simply  1/Gm,  a constant.  There 
exists  the  possibility  that  either  the 
maximum-voltage  transfer  require- 
ment or  the  bandwidth  requirement 
may  fix  the  interstage  transformer 


ratio.  Au  analysis  reveals  that  the 
total  gain  from  antenna  to  mixer 
output  jack  is  given  by 


-o.[ 


Rl 


l»/» 


fpi  + Rz,_ 


where  Rl  is  the  load  resistance  pre- 
sented to  the  r-f  amplifier  plate  by 
the  interstage  transformer,  G,  is  the 
conversion  transconductance  of  the 
mixer,  and  ih  and  r^i  refer  to  the  r-f 
tube.  It  is  apparent  that  as  Rl 
ranges  from  r,,  to  oo  the  gain  in- 


FIG.  10 — Three  types  of  r-f  amplifiers 
feeding  a 6J4  grounded-grid  mixer 


creases  only  40  percent,  so  that 
there  is  no  great  advantage  in 
using  a high  transformer  ratio.  If 
we  use  Rl  = r,i  = 4,500,  the  inter- 
stage bandwidth  is  10  me  so 
the  interstage  gain  is  down  0.7 
db  at  2 me  each  side  of  carrier  fre- 
quency, and  according  to  Fig.  2,  the 
mixer  plate  circuit  is  permitted  a 
bandwidth  as  small  as  4/0.85  or  4.7 
me.  Resistor  Rif,  the  mixer  plate 
resistor,  is  then  2,420  ohms  total 
for  a 14-[j.ii.f  mixer  plate  circuit 
total  capacitance. 

From  the  above,  the  mixer  input 
impedance  is  80  ohms,  so  the  r-f 
plate-to-mixer  cathode  voltage 
transformation  ratio  is  Ar  = 0.1675 
for  the  6AK5-6J4  and  the  6J6-6J4 
combinations,  and  Ar  = 0.1330  for 
the  6J4-6J4  combination. 


At  the  6J4  mixer  cathode  we  thus 
have  the  following  voltages  and  re- 
sistances : 


R-F 

Amp  Mixer 

E. 

Rn 

6J4  G-G  6J4 
6AK5G-C  6J4 
6J6  C-C  6J4 

5.41  Eant 
14.7  Eant 
6.55  Eant 

2,850  ohms 
16,700  ohms 
3,150  ohms 

The  conversion  transconductance, 
Ge,  is  0.0042  mho,  so  for  the  6J4- 
6J4  combination,  the  conversion 
gain  Ac  is  10.14,  and  for  the  6AK5- 
6J4  and  6J6-6J4  combinations  A*  = 
5.88.  • 

The  voltage  ratio  for  the  mixer 
plate  to  coaxial  output  transformer 
is  A.  = 0.176  for  the  6J4-6J4,  and 
Ac  = 0.231  for  the  6J6-6J4  and 
6AK5-6J4  combinations. 

The  net  mixer-cathode  to  coaxial- 
output  gain  is  then  A — A,  X A*  = 
1.79  for  the  6J4-6J4  combination, 
and  A =1.36  for  the  other  combina- 
tions. 

The  voltages  at  the  coaxial  out- 
put jack  are  tabulated  below: 


R-F 

Amp 

Mixer 

E. 

En 

S/N 

6AK5 

6J4 

20.0  Eant 

45.8 

0.436  Eant 

6J4 

6J4 

9.70  Eant 

25.0 

0.388  Eant 

6J6 

6J4 

8.90  Eant 

20.0 

0.445  Eant 

No  R-F  Amplifier 

If  each  of  the  three  mixers  were 
operated  with  no  r-f  stage  as  shown 
in  Fig.  8 we  would  have  a some- 
what different  picture.  We  lack 
only  a formula  for  noise  re- 
sistance of  a 6J4  mixer  having  a 
75-ohm  cathode  circuit  resistance. 
Substituting  this  value  of  R^:  and 
previously  known  values  for  the 
other  factors  in  Eq.  29,  the  noise 
voltage  is  46.9  percent  of  that  for 
a grounded-cathode  triode  mixer. 
Equations  26  and  63  show  that 
= 2.76/G,.  For  the  6J4  with 
Go  = 0.016  mho,  R'n  = 191  ohms. 

All  of  the  data  required  for  the 
various  mixer  circuits  operating 
with  no  r-f  amplifier  are  tabulated 
below. 


6AK5  Mixer,  Fig.  8A 

Tube  iMise  reaistaooe  referred  to  grid  4,500  ohms 
Grid  circuit  antiresonant  resistance.  3,540  ohms 


Total  noise  resistance  at  grid 6,270  ohms 

Noise  voltage  at  grid 20.6 

Gain,  antenna  jaA  to  grid 6.87 
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Table  IV — Summary  of  Tubes  and  Circuits 


R-F 

Amplifier 

Mixer 

Gain 

K 

i4fn*n. 

Tuned 

Circuits 

6AK5  G-C 

6AK5 

29.1 

0.440 

17.6 

2 

6AK5  G-C 

6J6  (fixed  cath) 

9.2 

0.433 

17.3 

2 

6AK5  G-C 

6J6  (tuned  cath) 

18.4 

0.433 

17.3 

3 

6AK5  G-C 

6J4 

20.0 

0.436 

17.5 

2 

6J4  C-F 

6AK5 

13.0 

0.489 

19.6 

2 

6J4  C-F 

6J6  (fixed  cath) 

4.1 

0.521 

20.8 

2 

6J4  C-F 

6J6  (tuned  cath) 

8.2 

0.521 

20.8 

3 

6J4  G-G 

6AK5 

14.6 

0..343 

13.7 

1 

6J4  G-G 

6J6  (fixed  cath) 

4.6 

0.345 

13.8 

1 

6J4  G-G 

6J6  (tuned  cath) 

9.2 

0.345 

13.8 

2 

6J4  G-G 

6J4 

9.7 

0.388 

15.5 

1 

6J6  C-C 

6AK5 

14.2 

0.449 

17.95 

2 

6J6C-C 

6.T6  (fixed  cath) 

4.5 

0.456 

18.3 

2 

6J6  C-C 

6J6  (tuned  cath) 

9.0 

0.456 

18.3 

3 

6J6  C-C 

6J4 

8.9 

0.445 

17.8 

2 

None 

6AK5 

11.8 

0.332 

13.3 

1 

None 

6J6  (fixed  cath) 

3.44 

0.457 

18.3 

1 

None 

6.T6  (tuned  cath) 

6.88 

0.480 

19.2 

2 

None 

6J4 

1.93 

0.239 

9.6 

0 

Gain,  grid  lo  output  jack 1.72 1 

Total  grid  noise  .resistanoe  referred 

to  output 18,550  ohms'! 

Total  noise  resistance  at  output. . . . 18,660  ohms 

Noise  output  voltage 35.5  /ty 

Signal  output  voltage 11.8  Ea»i 

Signal-to-noise  ratio 0.332  Emi 


6J4  Mixer,  Fig.  8B 


Tube  noise  resistance  referred  to 

cathode 191  ohms 

Input  circuit  resistance 75  ohms 

Total  input  noise  resistanoe 230  ohms 

Total  input  noise  voltage 3.94  /ty 

Gain,  cathode  to  output  jack 1.93 

Total  input  noise  resistance  referred 

to  output. 857  ohms 

Total  noise  resistanoe  at  output. . . . 968  ohms 

Noise  output  voltage 8.09  jiv 

Signal  output  voltage 1.93  Eant 

Signal-to-noise  ratio 0.239  En» 


6J6  Mixer,  Fig.  8C 

Switched 

Cathode 

Coil 

Fixed 

Cathode 

CoU 

Tube  noise  resistanoe  re- 

ferred  to  grid 

2,000 

Grid  circuit  antiresonant 

resistanoe 

6,300 

Total  noise  resistanoe  at 

grid 

5,150 

Noise  voltage  at  grid .... 

18.7 

Gain,  antenna  jack  to  Arid  9.17 

Gain,  grid  to  output  jack. 

0.75 

0.375 

Total  grid  noise  resistanoe 

referred  to  output 

2,900 

725 

Total  noise  resistance  at 

output 

3,010 

836 

Noise  output  voltage .... 

14.3  MV 

7.52  MV 

Signal  output  voltage .... 

^.88  Bmnt 

3.44  Bant 

Signal-to-noise  ratio 

0.4805..I 

OMlBmtt 

The  associated  i-f  amplifier 
should  be  designed  to  have  as  much 
of  the  required  gain  of  the  receiver 
as  stability  against  regeneration 
will  permit.  For  the  particular  con- 
ditions existing  in  this  case,  it  has 
been  found  practical  to  have  a gain 
of  100  db,  or  a voltage  step-up  of 
100,000  to  1,  in  the  combined  i-f  and 
video  amplifier.  Since  a video  out- 
put of  40  volts  is  sufficient  to  fully 
modulate  the  kinescope  grid  for 
most  tubes,  an  i-f  input  of  400  p-v  is 
needed.  It  has  been  experimentally 
determined  that  a signal-to-noise 
voltage  ratio  of  20  db  or  10  to  1 is 
necessary  for  good  reception.  This 
means  that  the  r-f  and  mixer  should 
provide  at  least  enough  signal 
gain  that  there  will  be  an  accom- 
panying 40  p.v  of  noise  at  the  coaxial 
output  jack.  If  the  signal-to-noise 
ratio  is  expressed  as  S/N  = KE„t 
and  if  S/N  is  set  equal  to  10,  then 
E^t  = 10 /K.  The  minimum  accept- 
able r-f  section  gain  is  then  that 
needed  to  bring  E^t  up  to  a 400-p.v 
level,  Antn  ~ ^00/Eant  and  Amin  — 
40.fir.  From  these  data  we  can  set 
up  Table  IV. 


Summory 

Table  IV  shows  that  the  6AK5 
mixer  is  the  only  mixer  with  no  r-f 
stage  that  has  almost  as  much  gain 
as  A„t„,  although  the  6J6  with 
tuned  cathode  has  one  of  the  best 
signal-to-noise  ratios  of  all  circuits 
considered.  Of  the  combinations 
employing  a 6J4  grounded-grid  r-f 
amplifier,  only  the  6J4-6AK5  com- 
bination has  more  gain  than 

One  surprising  point  demon- 
strated by  these  data  is  the  lack  of 
signal-to-noise  superiority  of  the 
6J4  grounded-grid  amplifier  com- 
pared to  the  6AK5  amplifier.  The 
reason  is  that  the  low  input  imped- 
ance to  the  grounded-grid  stage 
permits  only  a small  signal  voltage 
step-up  before  the  signal  finds  itself 
on  common  ground  with  tube  noise 
for  all  further  amplification. 

Of  those  combinations  using  a 
6J4  grounded-grid  amplifier,  the 
6AK5  mixer  provides  most  gain, 
with  only  one  tuned  circuit  and  with 
a slight  margin  over  the  minimum 
acceptable  gain.  Another  possibil- 
ity brought  out  by  the  data  in 
Table  IV  is  that  of  using  a 
grounded-grid  6J4  r-f  amplifier  fol- 
lowed by  a 6AK5  r-f  amplifier  and 
a 6AK5  mixer  where  the  total  range 
of  frequencies  over  which  the  unit 
is  to  work  does  not  exceed  190  me, 
and  where  maximum  obtainable 
gain  is  needed.  Such  a combina- 
tion would  have  a voltage  step-up 


of  548  or  a gain  of  54.8  db  (which 
would  reduce  required  i-f  and  video 
gain  about  70  db),  a signal-to-noise 
ratio  of  0.496  and  would  re- 
quire only  two  tuned  circuits. 

Of  the  several  mixers  operated 
with  a 6AK5  r-f  stage,  although  all 
combinations  have  a gain  of  S or 
more  times  A„«„,  the  6AK5  mixer 
provides  the  most  gain  with  nearly 
the  same  S/N  and  the  minimum 
number  of  tuned  circuits.  The 
6AS6,  which  is  a 6AK5  having  the 
suppressor  brought  out  to  a 
separate  pin,  could  be  used  as  a 
mixer  with  oscillator  voltage  injec- 
tion at  the  suppressor.  This  cir- 
cuit would  reduce  the  capacitance 
shunting  the  amplifier-mixer  inter- 
stage, which  would  make  possible 
a slightly  higher  interstage  imped- 
ance and  increase  gain,  but  a lower 
conversion  transconductance  (due 
to  screen  dissipation  limitations) 
would  produce  about  the  same  over- 
all gain  and  signal-to-noise  ratio  as 
the  6AK5  mixer.  Pentagrid  mixer 
tubes  such  as  the  6BE6  have  such 
low  conversion  transconductance  as 
to  be  out  of  the  question. 

The  6J4  c-f  r-f  combinations  ex- 
hibit the  best  obtainable  S/N 
ratios,  but  unfortunately  at  the  ex- 
pense of  gain.  The  6J4  c-f  r-f-6AK6 
mixer  provides  a very  good  S/N 
of  0.489  Eant  with  a gain  only  3 db 
short  of  A„in. 

Although  the  6J4  as  a grounded- 
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grid  mixer  without  r-f  amplification 
and  the  6AK6  mixer  operated  with 
no  r-f  amplification  look  good  on 
the  basis  of  tube  and  tuned-circuit 
economy,  both  should  be  vigorously 
rejected  on  the  basis  of  excellent 


Transit-Time 


Papers  analyzing  transit-time  ef- 
fects in  high-frequency  tubes^  show 
only  qualitative  correlation  between 
theory  and  practice  for  most  tube 
types.  The  6AK5,  and  a few  tube 
types  not  generally  used  in  present- 
day  television  design,  show  good 
agreement  between  predicted  and 
measured  transit-time  effects,  while 
the  6J4,  the  6J6  and  others  do  not. 

It  has  been  shown®  that  the  ef- 
fects of  transit-time  loading  for  a 
grounded-cathode  amplifier  are  as 
follows : 

Yin  = Gl-\-jB,-\-GT  (1) 

where  Yin  is  the  total  input  admit- 
tance seen  by  the  driving  circuit, 
Gi  + jBi  is  the  input  admittance  of 
the  passive  elements  of  input  cir- 
cuit, and  Gt  is  the  transit-time  load- 
ing conductance. 

Gr.,  = /3  GV  (2) 

where  3 is  the  ratio  of  equivalent 
noise  temperature  of  Gt  to  room 
temperature  and  Gt*,  is  the  equiv- 
alent noise  conductance  of  transit- 
time loading. 

F },[Gi  + GT  + Ri,  {Yt  + GrY]  (3) 

where  G,  is  the  equivalent  admit- 
tance of  the  signal  source,  i?*,  is  the 
grid-equivalent  noise  resistance  of 
the  tube  excluding  transit-time 
noise,  Yt  = G,  + Gi  + and  F 
is  the  noise  figure  of  the  first  stage. 
This  noise  figure  is  defined  as  the 
ratio  of  total  noise  power  in  the 
output  circuit  to  the  noise  power 
output  due  to  Johnson  noise  in  the 
signal  source  admittance. 


capability  of  transmitting  oscil- 
lator power  to  the  antenna. 
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Noise  Figure 
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power  from  an  input  circuit  of  noise 
figure  F is  FKT^f,  and  A/  is  the 
effective  bandwidth  of  the  receiver, 
which  is  4 me. 

The  quantity  3 has  been  shown 


FIG.  1 — Actual  input  circuit  (A)  of  typical 
television  front  end  and  equivalent  circuit 
(B)  showing  antenna  replaced  by  a current 
source  of  transformed  shunt  conductance  Gs 
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creasingly  important  role.  It  will 
be  noted  that  Eq.  3 has  a minimum 
value,  or  best  noise  figure,  when  Yt 
is  minimum.  A reasonable  approxi- 
mation where  the  input  circuit  has 
a wide  band  width  compared  to  the 
overall  system  is  to  assume  Bi  = 0, 
so  we  will  use  this  approximation 
in  the  following  work. 

If  we  define  p by 

P Gin  = Gi  -f-  /8  Gt  (4) 

Eq.  3 can  be  put  in  the  form 

From  inspection  of  Eq.  5,  it 
would  appear  that  there  may  be  a 
value  of  G,  that  will  minimize  F. 
This  has  been  shown  to  be  the  case®. 
The  optimum  value  G/  is  given  by 

G.'  = ^ip  + R,,Gi„)^  C6) 

The  corresponding  optimum  noise 
figure  is 

F'  =1+2  V(p  + Re,  Gin)  Re,  Gin  (7) 

The  idea  of  mismatching  gen- 
erator to  amplifier  in  order  to  opti- 
mize F is  an  excellent  one  for  many 
purposes,  but  unfortunately  it  is 
somewhat  impractical  in  television 
receivers  because  the  accompanying 
signal  reflections  on  the  antenna 
transmission  line  destroy  the  pic- 
ture detail  at  the  picture  output. 
We  shall  next  consider  the  conse- 
quences in  degradation  of  noise  fig- 
ure of  matching  antenna  to  receiver 
and  the  consequences  in  antenna 


Effects  In  Television  Front-End 
Design 
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lead-in  reflections  of  optimizing 
noise  figure. 

Effect  of  Matching  on  Noise 

If  we  match  receiver  to  antenna, 
the  transformation  ratio  of  the  in- 
put transformer  of  Fig.  lA  is  so 
adjusted  that  the  value  of  transmis- 
sion line  impedance  transformed  to 
transformer  output  level  G,  is  equal 
to  Gin.  Then  Eq.  5 reduces  to 

F + P + 2R,,  Oin  (8) 

As  an  example,  consider  a 6AK5 
having  i?,,  = 1,350  ohms  operating 
at  a frequency  where  effectively  Gt 
= 0,  with  R,  — 2,850  ohms  so  that 
Gin  = Gi  = 350  X 10  ® mhos.  From 
Eq.  4,  p = 1,  and  we  compute  Req 
Gin  - 0.472,  so  that  F'  = 2.67.  If 
on  the  other  hand  we  let  G.,  = G<„, 
we  find  F = 2.94,  so  that  optimum 
transformation  yields  a noise  figure 
smaller  in  the  ratio  1.1  to  1 or  0.4 
db  better  than  matched  impedances. 

For  a 6AK5  at  200  me,  Gx  = 
500  X 10'®  mhos,  so  that  for  a cir- 
cuit needing  only  350  x 10  ® mhos 
of  shunt  conductance  in  order  to 
provide  sufficient  bandwidth  we 
would  minimize  G,  in  Eq.  1.  For 
an  input  coil  Q of  150  at  200  me,  if 
tuning  capacitance  is  lix/xf,  Gi  = 60 
X 10'®  mhos,  so  Gin  = 560  x 10'® 
mhos.  From  Eq.  4,  p = (Gi  + 3 
Gt)  (Gin)  = 4.4,  and  we  com- 

pute Req  Gin  = 0.755,  so  from  Eq.  7, 
F'  = 4.95  and  from  Eq.  8 F = 6.91. 
Thus  the  degradation  of  noise 
figure  due  to  matching  impedances 
rather  than  optimizing,  for  a 6AK5 
grounded-cathode  amplifier  at  200 
me,  is  a factor  of  1.39  or  approxi- 
mately 1.4  dh. 

Reflections  in  Transmission  Line 

The  reflection  coefficient  F of  a 
transmission  line  can  be  computed 
from  the  relationship 

P _ Zr 

Zq-^Zn  (9) 

where  Zo  is  the  characteristic  im- 
pedance of  the  line  and  Zr  the 
terminating  resistor. 

From  Eq.  6 we  find  that  for  the 
6AK5  at  200  me,  G/  = 1,460  x 
10'®  mhos,  so  R/  = 685  ohms.  For 
the  same  conditions,  Gi„  = 560  X 
10'®  mhos  so  Rin  = 1,790  ohms.  But 


Rin  is  Zr  and  R/  is  Zo  in  Eq.  9 so 
R = (685  - 1,790)7(685  + 1.790) 
= - 0.446 

Most  common  television  receiving 
antennas  match  the  associated 
transmission  line  poorly  over  a few 
of  the  channels,  so  that  a reflection 
from  the  receiver  end  of  the  trans- 
mission line  would  be  re-reflected  at 
the  antenna.  If  we  were  to  have 
the  same  mismatch  at  the  antenna 
as  at  the  receiver  in  the  example 
above,  we  would  have  at  the  re- 
ceiver input  the  desired  signal  plus 
an  additional  wave  train  of  one- 
fourth  the  amplitude  but  delayed 
by  the  round-trip  travel-time  of 
the  antenna  lead-in. 

Considering  the  possible  variabil- 
ity of  antenna  output  impedance 


Table  I — Noise  Figures  for  Typical 
Television  Front-End  Circuits^ 


F 

R-F  Power 

Amp  Mixer  Ratio 

F 

db 

Tuned 
Gain  Circuits 

1 Grounded-Cathode  Input  Circuit  I 

6AK5  6AK5  4.17 

6.20 

29.1 

2 

6AK5  6J6  4.31 

6.34 

9.2* 

2 

18.4** 

3 

6AK5  6J4  4.25 

6.28 

20.0 

2 

Cathode-Follower  Input  Circuit 

6J4  6AK5  3.38 

5.29 

13.0 

2 

6J4  6J6  2.98 

4.74 

4.1* 

2 

8.2** 

3 

1 Grounded-Grid  Input  Circuit 

6J4  6AK5  6.86 

8.36 

14.6 

1 

6J4  6J6  6.86 

8.36 

4.6* 

1 

9.2** 

2 

6J4  6J4  5.36 

7.29 

9.7 

1 

1 Cathode-Coupled  Input  Circuit 

6J6  6AK5  4.00 

6.02 

14.2 

2 

6J6  6J6  3.88 

5.89 

4.5* 

2 

9.0** 

3 

6J6  6J4  4.08 

6.10 

8.9 

2 

No  R-F  Circuit 

None  6AK5  7.33 

8.65 

11.8 

1 

None  6J6  3.88 

5.85 

3.44* 

1 

None  6J6  3.51 

5.45 

6.88** 

2 

None  6J4  14.13 

11.5 

1.93 

0 

* Fixed-Cathode  Mixer  Circuit 

**Tuned-Cathode  Mixer  Circuit 

over  the  band  as  well  as  the  vari- 
ability of  antenna  lead-in  lengths, 
the  choice  between  design  for  best 
noise  figure  and  best  input  im- 
pedance is  assuredly  a matter  of 
design  judgment. 

Total  Noise  Voltage 
In  a previous  paper*  signal-to- 


noise  figures  (K)  were  calculated 
for  various  types  of  commonly  used 
television  front-end  circuits,  such 
that  E,/En  = KEant.  If  we  wish  to 
compute  the  total  noise  voltage  that 
would  have  to  be  present  at  the 
input  of  a noiseless  receiver  in 
order  to  provide  the  same  noise 
output  as  the  receiver  under  scru- 
tiny, we  set  EjEn  = 1 so  that  KE^nt 
= 1.  But  under  this  circumstance, 
the  total  equivalent  noise  voltage  at 
the  antenna  is  equal  to  the  signal 
voltage  Eant  so  then  En  = 1/K. 

This  means  that  the  noise  power 
present  in  the  receiver  input  is 
En/R  = watts,  where  R is 

the  input  resistance  at  the  antenna 
terminals  (75  ohms)  and  the  factor 
10'“  converts  the  signal  to  volts. 
The  total  Johnson  noise  power  in  a 
matched  input  resistor  was  previ- 
ously shown  to  be  KT^f  (here  K is 
Boltzmann’s  constant,  not  the  K 
mentioned  above)  which  is  1.65  X 
10'“  watts  for  a 4-mc  bandwidth. 

From  the  definition  of  noise  fig- 
ure then, 

10-12  _ 0.808 

^ 1.65X10-^^2  72 

In  terms  of  this  formula  we  can  now 
express  the  previously-mentioned 
signal-to-noise  figures  in  terms  of 
noise  figures  as  shown  in  Table  I. 


Transit-Time  Effect 

The  manner  of  combining  the 
transit-time  component  of  noise 
factor  with  the  other  components  is 
not  simple  and  for  the  tubes  for 
which  Gt  is  known  only  with  poor 
accuracy  it  is  not  worth  the  trouble. 
We  rewrite  Eq.  8 to  include  Gt  ex- 
plicitly, 


y = 1 + 


G\  -|-  /8G*t 
Gi  + Gt 


+ 


2 Req  (Gi  + Gr)  (10) 

where  Gi  -|-  Gt  is  held  constant,  as 
long  as  possible,  against  increase  of 
Gt  by  decreasing  Gi.  It  will  be  noted 
that  as  Gt  increases  the  second  term 
increases  smoothly  from  1 to  3 
(which  is  5),  and  the  third  term 
does  not  begin  to  increase  until  Gi 
has  reached  its  minimum  value, 
after  which  the  increase  is  linear 
with  Gt.  For  the  6AK5  the  third 
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term  rose  from  about  1 to  about  1.5 
as  Gt  rose  from  0 to  the  value  at 
200  me.  Since  Re,  is  much  smaller 
in  triodes  this  term  is  even  less  sig- 
nificant for  the  6J4  and  6J6  over 
the  range  of  interest. 


Conclusions 

Thus  we  see  in  a general  way  that 
the  effect  of  inclusion  of  transit- 
time effect  is  to  add  a number  about 
equal  to  4 to  the  noise  figure,  for 
the  vicinity  of  the  frequency  where 
Gt  equals  the  desired  value  of  Gt„. 
If  we  select  from  Table  1 the  four 
circuits  utilizing  the  6AK5  mixer, 
simply  as  a basis  for  comparison. 


Table  II  — Noise  Figures  for 
Various  R-F  Amplifiers  Used  With 
6AE5  Mixers 


R-F 

Amp. 

F Est.F 

Gr  = 0 200  me 

Est.  F 
db 

6AK5 

Gr. 

Gath. 

4.2 

8.2 

9.1 

6J4 

Gath. 

Fol. 

3.4 

7.4 

8.7 

6J4 

Gr. 

Grid 

6.9 

10.9 

10.4 

6J6 

Gath. 

Goupl. 

4.0 

8.0 

9.0 

None 

— 

7.3 

11.3 

10.5 

and  estimate  F by  arbitrarily  add- 
ing the  number  4 to  each  noise  fig- 
ure, we  obtain  the  data  shown  in 
Table  2. 


We  note  on  inspecting  Tables  1 
and  2 that  the  effect  of  transit-time 
(as  estimated)  is  to  tend  to  level 
the  differences  between  the  various 
circuit  combinations,  so  that  for  in- 
creasingly high  frequencies  the  re- 
duction of  noise  from  sources  other 
than  transit-time  becomes  diminish- 
ingly  important. 
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Television  Remote  Tuner 


A CONSIDERABLE  PORTION  of  the 
author’s  spare  time  has  been  spent 
in  experimental  work  on  television 
receiver  circuits.  Several  times  a 
need  has  arisen  for  a quick  com- 
parison-check of  the  on-the-air  per- 
formance of  a newly  built  front  end. 
Removal  of  one  front  end  and 
temporary  wiring  and  mechanical 
mounting  of  a second  unit  whose 
performance  is  known  has  con- 
sumed valuable  time. 

A front  end  that  can  be  quickly 
connected  or  coupled  to  the  i-f 
stages  of  a receiver  under  test  obvi- 
ates this  difficulty.  A unit  con- 
structed for  the  purpose  contains 
its  own  power  supply  for  heater  and 
plate  voltage  and  provides  output  at 
the  picture  signal  i-f  frequency. 
This  self-powered  front  end  serves 
equally  well  as  a signal  source  for 
testing  experimental  i-f  strips. 

Other  Use 

Use  of  large-soreen  picture  tubes 
in  home  television  receivers  imposes 
difficulty  in  critical  tuning  of  the 
receiver  while  standing  at  the  tube 
screen.  Because  of  the  large  picture 
near  to  the  eye,  adjustments  made 
at  the  set  often  result  in  dissatisfac- 


By  VIN  ZELUFF 

tion  when  the  owner  goes  to  his 
seat  at  the  proper  viewing  distance. 
He  must  then  return  to  the  set  loca- 
tion to  readjust  or  change  the  sta- 
tion. 

A more  convenient  arrangement 
results  if  a remote  tuning  unit  is  in- 
stalled at  the  viewing  position.  Se- 
lection of  station  and  fine  tuning 
can  then  be  done  while  comfortably 
seated  at  this  location. 


Ideally,  such  a tuner  would  re- 
quire a minimum  of  connections  to 
the  receiver  and  would  be  removable 
to  allow  the  receiver  to  operate 
normally  with  its  own  front  end 
when  desired. 

Because  this  is  also  required 
of  the  comparison  front  end  con- 
templated, it  was  decided  to 
construct  a tuner  that  would  serve 
both  purposes.  As  representative 


FIG.  1 — Circuit  of  self-powered  tuner.  If  used  with  transformerless  receivers  on 
isolotion  transformer  is  needed 
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of  the  most  popular  design,  the  re- 
ceiver selected  to  be  controlled  was 
an  RCA  630  type. 

A 630  front  end  was  fitted  into 
a small  aluminum  box  and  a selen- 
ium-rectifier power  supply  added. 

Coupling  Problem, 

The  major  barrier  to  operation 
of  a separate  self-powered  tuner  is 
the  difficulty  of  coupling  the  high- 
impedance  plate  circuit  of  the  con- 
verter stage  to  the  grid  circuit  of 
the  first  i-f  stage  with  leads  of 
possibly  several  feet  in  length.  Link 
coupling  from  the  remote  converter 
tube  to  the  first  i-f  stage  appeared 
most  convenient  because  it  required 
no  direct  connection  to  the  receiver 
except  for  a possible  common 
ground  lead. 

The  bar  to  link  coupling  is  the 
mechanical  arrangement  of  the 
plate  coil  in  the  coupling  system  be- 
tween the  converter  plate  circuit 
and  the  grid  circuit  of  the  first  i-f 
stage.  This  coil  is  mounted  inside 
of  a large  diameter  form  on  which 
the  sound  trap  and  sound  i-f  take- 
off coil  is  mounted.  Any  link  coil 
would  need  to  be  wound  on  this 
outer  form,  at  a considerable 
distance  from  the  inside  coil.  In 
addition,  it  would  need  to  be  fixed 
in  position  and  would  not  be  readily 
removable  if  the  remote  tuner  were 
to  be  operated  on  another  receiver. 


Experimental  link  coils  wound  on 
both  the  converter  plate  coil  of  the 
tuner  and  the  receiver  proved  that 
the  degree  of  coupling  was  insuffi- 
cient ; not  enough  signal  voltage 
was  developed  at  the  grid  of  the 
first  i-f  stage. 

A simple  method  of  obtaining 
low-impedance  output  and  sufficient 
voltage  from  the  remote  unit  is  the 
addition  of  a cathode  follower  to  its 
converter  output.  The  circuit  of 
the  complete  remote  tuner  unit  is 
shown  in  Fig.  1.  No  components 
in  the  RCA  front-end  need  to  be 
changed;  it  is  only  necessary  to 
complete  the  grid  return  of  the  r-f 
amplifier  and  supply  operating  po- 
tentials to  the  tubes.  The  normal 
capacitor  coupling  from  the  con- 
verter plate  circuit  feeds  the  grid  of 
the  cathode-follower  stage.  Al- 
though the  latter  presents  lower 
capacitance  than  the  grid  of  the 
usual  i-f  Stage  there'  was  no  notice- 
able effect  on  the  tuning  of  the  plate 
coil. 

Link  coupling  is  used  at  the  re- 
ceiver. The  signal  produced  in  the 
cathode  follower  output  circuit  is 
fed  through  75-ohm  RG-59/U  coax- 
ial cable  to  a four-turn  coil  wound 
on  a fiber  form.  Its  diameter  is 
II  inch  and  length  is  3 inches.  This 
form  fits  readily  over  the  large 
sound  trap  coil  of  the  630-type 
chassis. 


The  considerably  greater  field 
produced  by  the  cathode  driver 
stage  provides  signal  voltage  at  the 
grid  of  the  first  i-f  stage  nearly 
equal  to  that  of  the  directly  con- 
nected front-end  in  the  receiver. 

The  selector  switch  of  the  latter  is 
usually  set  to  an  unused  high-band 
channel  to  prevent  beat  interfer- 
ence. 

Cable  length  has  been  as  great 
as  forty  feet  when  used  for  demon- 
stration purposes.  Open  test  leads 
up  to  five  feet  long  have  been  used 

on  a bench  and  fed  between  other 
chassis  and  equipment  cabinets 

without  affecting  the  picture  re- 
ceived. 

Smaller  coupling  coils  have  been 
used  in  feeding  other  types  of  i-f 

systems  and  occasionally  the  open 
coaxial  lead  has  been  connected  to 

the  grid  of  the  first  i-f  stage  when 
picture  quality  was  not  a factor  but 
it  was  necessary  to  determine 
whether  the  i-f  stages  were  operat- 
ing. When  used  with  a receiver 
having  an  intercarrier  sound  sys- 
tem, the  21.25-mc  trap  on  the  tuner 
coil  can  be  open  circuited.  This 
may  also  be  advisable  with  receiv- 
ers having  conventional  sound  i-f 
systems  unless  they  are  tuned  to 
21.6  or  21.8  me. 


Television  Receiver  Transient  Analysis 


Response  of  entire  television  receiver  to  100-kc  square  waves  provides  convenient  method 
of  production  quality  control.  Results,  normally  plotted  on  graph  paper,  can  he  shown  as 

composite  video  on  picture  tube 


The  ability  of  a television  re- 
receiver to  reproduce  fine  detail 
and  sharp  transitions  without  ex- 
cessive ringing  or  smear  may  be 
judged  by  the  response  of  the  re- 
ceiver to  a 100-kc  square  wave.  In 
order  that  the  transient  response  of 
the  entire  receiver  from  antenna 


By  JOSEPH  FISHER 

terminals  to  the  picture-tube  grid 
may  be  determined,  this  equipment 
provides  means  of  modulating  a 
standard  television  picture  carrier 
with  the  square  wave.  In  addition, 
a marker  generator  places  time 
dots  upon  the  oscilloscope  presenta- 
tion so  that  rise  time,  transient 


ringing,  and  smear  can  be  accu- 
rately measured. 

Equipment 

The  transient  analyzer  comprises 
four  units  used  in  conjunction  with 
three  pieces  of  commercial  test 
gear.  The  analyzer  itself  is  made 
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up  of  a regulated  150-volt  power 
supply,  a square-wave  clipper,  a 
modulator  and  a marker  generator. 
The  complete  test  setup  employs  in 
addition  a Ferris  model  18C  r-f 
signal  generator,  a Measurements 
Corp.  model  71  square-wave  genera- 
tor and  a Tektronix  model  511 
cathode  ray  oscilloscope.  For  ac- 
curate measurement  of  the  tran- 
sient response  of  the  receiver,  the 
inherent  distortion  in  the  measur- 
ing equipment  must  be  minimized. 

In  operation,  a 100-kc  square 
wave  (5-jasec  pulse)  produced  by 
the  generator  operating  at  maxi- 
mum output  is  applied  to  the  input 
of  a three-stage  clipper  shown  in 
Fig.  1.  The  rise  time  of  the  signal 
produced  by  the  square-wave  gener- 
ator is  0.2  [isec.  The  clipper  unit 
reduces  this  rise  time  to  0.05  ixsec. 
Signals  of  either  polarity  are  avail- 
able at  the  output,  and  the  ampli- 
tude may  be  varied  from  zero  to  two 
volts  peak-to-peak. 

The  output  of  the  clipper  unit  is 
connected  to  one  of  two  balanced 
modulators.  One  of  these  is  for  an 
intermediate  frequency  of  26.6  me. 
The  other  is  for  television  channel 
2 (55.25  me). 

The  r-f  generator  is  connected  to 
the  modulator  input  as  shown  in  the 
circuit  diagram  of  Fig.  2.  The 
bandwidth  of  the  input  circuit  is 
d=  10  me,  while  the  bandwidth  of 
the  output  circuit  is  15  me. 
Modulation  is  applied  to  the 
cathodes  of  the  two  6BH6  tubes. 
For  overall  transient  tests  the 
depth  of  modulation  should  be 
about  30  percent,  so  that  any 
peculiarities  of  vestigial  side-band 
transmission  near  100-percent  mod- 
ulation are  avoided.^®  A signal 
input  of  0.6  volt  peak-to-peak  ap- 
plied to  the  cathode  circuit  pro- 
duces 30-percent  modulation. 

With  the  r-f  generator  attenuator 
set  to  100,000  /XV,  the  open  circuit 
voltage  across  the  300-ohm  bal- 
anced output  of  the  modulator  is 
approximately  20,000  /xv.  Since  the 
percentage  modulation  of  the  ana- 
lyzer remains  constant  as  the  r-f 
input  voltage  is  changed,  the  output 
level  of  the  modulator  may  be 
changed  by  means  of  the  r-f  attenu- 


ator on  the  generator.  If  desired, 
the  r-f  generator  may  be  left  at 
100,000  fjLV  and  resistance  pads  hav- 
ing known  attenuation  inserted  in 
the  300-ohm  balanced  line  connect- 


ing the  output  of  the  modulator  to 
the  antenna  terminals  of  the  tele- 
vision receiver  under  test.  The 
modulator  unit  can  be  used  as  a 
double-sideband  r-f  picture  gener- 
ator by  impressing  a composite 
video  signal  on  the  modulation  in- 
put terminal.  The  video  signal 
must  have  negative  S5mc. 

The  two-stage  vertical  amplifier 
in  the  test  oscilloscope  has  a rise 
time  of  0.05  /xsec,  a frequency  re- 
sponse within  3 db  from  5 cycles  to 
8 me,  and  a minimum  amount  of 
overshoot.  The  probe  supplied  with 
the  oscilloscope  has  an  input  resist- 
ance of  10  megohms  shunted  by  12 
/x/xf.  The  input  capacitance  of  a 
picture  cathode-ray  tube  such  as 
the  12LP4  is  about  6.0  [x[if. 

At  first  thought,  it  would  seem 
possible  merely  to  replace  the  c-r 
tube  with  the  probe  when  measur- 


ing overall  transient  response. 
However,  most  television  receivers 
use  series  peaking  between  the  final 
video  amplifier  tube  and  the  c-r  tube 
grid,  and  circuits  of  this  type 


are  critical  to  end  capacitance.  To 
eliminate  this  source  of  measure- 
ment error,  c-r  tube  bases  are  sup- 
plied that  have  a built-in  R-C  com- 
pensated attenuator,  consisting  of 
a 7-megohm  resistor  shunted  by  a 
15-/x/xf  capacitor.  To  make  meas- 
urements, the  tube  socket  is  un- 
plugged from  the  tube  base  and  the 
socket  is  plugged  into  the  adapter. 
The  scope  probe  is  then  connected 
to  the  adapter  output  connection. 
This  method  of  measurement  in- 
sures that  the  capacitance  termi- 
nating the  lead  to  the  picture-tube 
grid  is  the  same  when  either  the 
picture  tube  or  the  adapter  is  used. 

A marker  generator  shown  in 
Fig.  3 is  incorporated  to  place  time 
dots  on  the  oscilloscope  presenta- 
tion so  that  rise  time  and  transient 
ringing  can  be  measured  accurately. 
The  20-mc  oscillator  voltage,  pro- 


FIG.  1 — ^Diagiom  of  the  square-wave  clipper  that  reduces  rise  time  of  test  pulses 


FIG.  2 — Modulator  for  television  channel  2 is  driven  by  r-f  signal  generator  and 
modulated  by  output  of  squore-wave  clipper.  Fig.  1 
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ducing  dots  spaced  0.05  fisec  apart, 
is  connected  to  the  cathode  input 
of  the  test  oscilloscope.  To  insure 
that  the  dots  will  remain  stationary 
a quenched  oscillator  is  used.  The 
positive  gate,  a pulse  lasting  for  the 
duration  of  the  triggered  sweep,  is 
connected  to  the  input  of  the 
marker  oscillator  from  the  test 
oscilloscope.  The  20-mc  oscillator 
employs  a 12AU7  tube  held  in  a 
non-oscillating  state  by  means  of 
the  diode  damping  across  the  plate 
coil.  The  positive  gate  pulse  raises 
the  cathode  potential  of  the  diode 
damper  and  the  circuit  goes  into 
oscillation  for  the  duration  of  the 
pulse. 

When  measuring  over-all  trans- 
ient response  from  antenna  termi- 
nals to  cathode-ray  tube  grid,  for 
receiver  comparison,  the  following 
standards  have  been  used ; 

(1)  modulation  depth  of  30  per- 
cent 

(2)  transition  from  black  to 
white 

(3)  2 ixsec  sweep 

(4)  synchronous  time  dots  spaced 
0.05  jLisec  apart 

The  photograph  (A)  shows  the 
transient  response  and  test  pattern 
of  a receiver  in  a misaligned  condi- 
tion. The  rise  time  is  approxi- 
mately 0.2  ^sec  with  a definite 
smear  axis  lasting  for  approxi- 
mately 0.6  fisec.  The  distance  be- 
tween dots  is  0.05  fisec  and  cor- 
responds to  approximately  one- 
hundredth  of  an  inch  displacement 
on  a ten-inch  picture  tube. 

The  illustration  (B)  shows  the 
transient- response  and  test  pattern 
of  a receiver  that  is  in  better  align* 
ment.  The  rise  time  is  approxi- 
mately 0.17  {xaec  and  the  angle  of 
the  smear  axis  is  much  less  than  for 
the  first  receiver.  The  transient 
analyzer  was  used  as  a double-side- 
band television  signal  generator 
and  was  modulated  with  composite 
video  from  a monoscope  signal 
source  to  obtain  the  picture  illus- 
trated in  these  photographs. 

Recording  Transients 

A permanent  record  of  the  trans- 
ient response  of  a given  receiver 
can  be  obtained  either  by  photo- 


graphing the  oscilloscope  presenta- 
tion or  by  transferring  the  response 
indicated  on  the  scope  to  graph 
paper. 

A Paillard  Bolex  Model  H-16 
camera  using  Super  XX  16-mm  re- 
versible film  is  used  to  photograph 
the  trace,  A hood  between  the  cam- 
era lens  and  the  screen  eliminates 
ambient  light.  The  distance  be- 
tween the  camera  lens  and  tube 
face  is  42  cm,  and  pictures  have 
been  taken  at  f:1.5  with  an  ex- 
posure time  of  1/30  sec.  The  oscil- 
loscope used  has  a green  filter  and 
piece  of  transparent  plastic 
mounted  in  front  of  the  tube  face. 
The  top  edge  of  the  plastic  is  coated 
with  red  lacquer  and  illuminated  by 
a small  lamp.  Lines  scribed  in  the 
face  of  the  plastic  sheet  appear  red 
and  are  used  as  calibration  marks. 
To  indentify  the  photograph  a small 
square  area  is  sanded  so  as  to 
transmit  red  light,  and  a semitrans- 
parent piece  of  paper  with  the  iden- 
tifying number  marked  in  ink  is 
pasted  over  this  area.  The  illustra- 
tions show  a receiver  identifying 
number  at  the  lower  left-hand 
corner.  The  oscilloscope  presenta- 
tion is  held  to  2 cm  to  prevent  over- 
load on  any  receivers  having  an 
excessive  amount  of  overshoot. 

A faster  method  of  recording  the 
information  is  to  transfer  the  scope 
presentation  to  graph  paper.  It  is 
most  conveniently  done  by  scribing 
nine  short  horizontal  lines  on  the 
left  side  of  the  plastic  between  the 
2-cm  calibration  lines.  The  time 
dotted  transient  response  curve  can 
then  be  moved  bodily  through  these 


calibration  lines  by  adjustment  of 
the  oscilloscope  controls.  The  verti- 
cal position  of  each  dot  as  it  is 
moved  past  the  calibration  lines  is 
then  recorded  on  graph  paper.  The 
X axis  of  the  graph  used  contains 
forty  equal  divisions  spaced  3/16 
inch  apart,  each  equal  to  a time  in- 
terval of  0.05  /isec.  The  Y axis 
contains  ten  equal  divisions  also 
spaced  3/16  inch  apart.  After  some 
experience  is  gained  using  this 
method  it  is  possible  to  plot  the 
transient  response  in  a few  minutes. 

Single-Pulse  Testing 

For  more  detailed  studies  of 
transient  response  it  is  advantage- 
ous to  modulate  the  analyzer  with 
a composite  video  signal  containing 
mixed  sync,  mixed  blanking  and  a 
single  5-/x,sec  pulse  located  in  the 
center  of  each  scanning  line.  The 
block  diagram  of  the  equipment 
used  to  produce  this  signal  is  shown 
in  Fig.  4. 

Horizontal  driving  pulses  from  a 
standard  sync  generator  are  applied 
to  two  cathode-coupled  multivibra- 
tors -indicated  as  MV  1 and  MV  2. 
The  first  multivibrator  produces  a 
rectangular  pulse  with  a duration 
of  30  fisec  while  the  second  multi- 
vibrator produces  a pulse  having  a 
duration  of  35  fisec.  These  pulses 
are  differentiated  and  inverted  and 
the  trailing  edge  of  MV  2 is  used 
to  trigger  MV  3,  which  produces 
the  5-jxaec  test  pulse.  The  trailing 
edge  of  MV  1 is  used  as  a trigger 
for  the  oscilloscope.  The  pulse  out- 
put of  MV  3 is  applied  to  a two- 
stage  clipper  to  achieve  a rise  time 


FIG.  3 — Marker  generator  puts  time  dots  on  trace  accurately  to  meosure  rise  time 
and  transient  ringing  effects 
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of  0.05  /xsec  with  a minimum 
amount  of  overshoot.  This  test  sig- 
nal is  applied  to  a specially  designed 
line  mixing  amplifier  to  produce  a 
composite  video  signal  including 
sync  and  blanking.  This  signal  can 
be  used  to  modulate  the  transient 
analyzer  or  may  be  applied  directly 
to  the  input  of  a video  amplifier 
for  measurement  of  its  transient 
response. 

Since  the  scope  trigger  impulse 
leads  the  test  pulse  by  5 /tsec  the 
same  dotted  type  of  presentation  is 
obtained. 

The  equipment  described  is  a 
double-sideband  generator.  All 
transmitters  operating  in  this 
country  employ  vestigial-sideband 
transmission  in  which  all  modula- 
tion frequencies  three-quarters  of  a 
megacycle  below  picture  carrier  are 
rapidly  attenuated.  Our  measure- 
ments have  shown  that  receivers 
having  a good  transient  response 
from  the  double-sideband  generator 


produce  a good  quality  picture  from 
a standard  television  transmitter. 

Equal  Performance 

The  original  television  standards 
were  formulated  on  the  premise 
that  a receiver  having  the  standard 
RMA  selectivity  curve,  in  which  pic- 
ture carrier  is  located  at  the  50- 
percent  response  point  should  work 
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FIG.  4 — Method  oi  single-pulse  testing 
using  composite  video  signal 


equally  well  whether  receiving  a 
double-sideband  signal  or  a vesti- 
gial-sideband signal.  As  reported 
by  others,  the  presence  of  the  side- 
band filter  in  the  transmitter  gives 
rise  to  a slight  leading  signal  and 
some  smear. 

Other  writers  have  advocated  the 
use  of  phase  correction  in  television 
transmitters  to  correct  both  the 
distortion  introduced  by  the  side- 
band cutting  and  the  high-fre- 
quency cutoff  of  standard  television 
receivers.  The  use  of  such  circuits 
would  require  industry  agreement, 
a standard  station  monitor,  and  the 
establishment  of  definite  transient 
standards  for  television  broadcast 
stations.  It  would  certainly  repre- 
sent an  avenue  of  improvement  for 
television. 
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Internal  Television  Receiver  Interference 

Minimum  interference  from  harmonics  of  sound  and  video  carrier  intermediate  frequen- 
cies is  provided  when  21.75  me  is  used  for  the  sound  i-f.  Harmonic-generating  capabilities 
of  the  video  detector  are  analyzed  and  optimum  frequencies  given  for  intercarrier  and 

41-mc  operation 


By  B.  AMOS  AND  W.  HEISER 


ONE  TYPE  of  television  picture 
interference  which  has  re- 
ceived little  attention  is  that  caused 
by  harmonics  of  the  video  and 
sound  carrier  intermediate  frequen- 
cies. A large  majority  of  television 
receiver  manufacturers  still  use  the 
21  to  26-mc  band  for  the  sound  and 
video  intermediate  frequencies  of 
their  receivers  and  consideration 
should  be  given  to  the  elimination 
of  possible  interference  between 
the  harmonics  of  these  intermedi- 
ate frequencies  and  the  incoming 
television  signal. 

The  harmonics  of  the  video  car- 


rier intermediate  frequency  are 
.generated  almost  entirely  in  the 
video  detector  stage.  The  harmon- 
ics of  the  sound  carrier  intermedi- 
ate frequency  are  generated  to  some 
extent  in  the  limiter  stage,  but 
mainly  in  the  discriminator  circuit. 
These  harmonics  may  feed  back 
into  the  antenna  or  tuner  by  many 
different  paths. 

Common  filament  and  power  leads 
are  a potential  source  of  trouble. 
It  has  also  been  observed  that  the 
video  i-f  harmonics  will  feed 
through  the  video  amplifier  and 
appear  on  a lead  to  the  cathode-ray 


tube  socket.  Since  this  is  usually 
near  the  antenna  input  connection, 
feedback  may  take  place  along  this 
path.  The  use  of  a dual  diode,  such 
as  the  6AL5,  for  the  video  detector 
and  d-c  restorer  furnishes  another 
path  by  which  these  harmonics  may 
reach  the  leads  to  the  ert  socket  and 
then  the  tuner  input. 

This  problem  has  become  increas- 
ingly more  important  as  the  sensi- 
tivity of  receivers  has  been  in- 
creased. Use  of  a single  video 
amplifier,  because  of  economic 
reasons,  necessitates  relatively  high 
level  video  detection,  with  corres- 
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pondingly  larger  magnitude  of  the 
video  i-f  harmonics.  The  built-in 
antenna  has  also  served  to  empha- 
size the  importance  of  this  problem, 
since  obviously  a receiver  with  a 
self-contained  antenna  will  be  more 
susceptible  to  interference  from 
these  internal  harmonics  than  one 


amplifiers  and  therefore  their  effect 
will  probably  not  be  noticeable  in 
the  video  output  signal.  Since  at 
least  part  of  the  3.85-mc  beat  on 
channel  10  will  come  through  the 
video  i-f  pass  band,  we  have  five 
channels  where  harmonic  interfer- 
ence may  occur. 


tion.  Figure  4 shows  the  simplified 
video  detector  with  the  diode  resist- 
ance neglected  and  the  output  volt- 
age waveform  for  an  unmodulated 
input  signal  at  26.4  me  of  one  volt 
zero  to  peak. 

Schade  (Proc.  IRE,  Aug.  1943) 
has  given  a method  for  determin- 


FIG.  1 — Interference  from  third  video 
i-i  harmonic  on  channel  5 


FIG.  2 — Eighth  sound  i-f  harmonic  on 
channel  7 produces  a 50-kc  beat 


FIG.  3 — Eighth  sound  1-f  harmonic  on 
chonnel  7.  a 1.55-mc  boot  for  22.1  me. 


which  has  its  antenna  located  some 
distance  away.  The  wide-spread 
use  of  unshielded  300-ohm  trans- 
mission line  also  increases  the  pos- 
sibility of  interference  from  this 
source. 

Harmonics  Involved 

To  illustrate  this  type  of  inter- 
ference in  more  detail,  consider  a 
typical  television  receiver  with  a 
sound  carrier  i-f  of  21.9  me  and  a 
video  carrier  i-f  of  26.4  me.  Table 
I lists  the  video  carrier  frequencies 
of  the  twelve  television  channels, 
the  harmonic  present  on  a particu- 
lar channel,  and  the  frequency  of 
the  beat  resulting  from  the  har- 
monic and  the  video  carrier  for  the 
above  intermediate  frequencies. 

The  table  shows  that  seven  of  the 
twelve  television  channels  have  an 
i-f  harmonic  existing  within  their 
bandwidth.  The  harmonics  exist- 
ing on  channels  3 and  6 give  beat 
frequencies  much  greater  than  the 
3.6-mc  bandwidth  of  usual  video  i-f 


Figure  1 shows  the  1.95-mc  beat 
from  the  third  harmonic  of  the 
video  i-f  interfering  with  the 
channel  5 signal.  Notice  that  this 
interference  pattern  may  be  easily 
mistaken  for  local  oscillator  radia- 
tion. 

Figure  2 shows  the  50-kc  beat  be- 
tween the  eighth  harmonic  of  the 
sound  i-f  and  the  channel  7 signal. 

Figure  3 illustrates  the  inter- 
ference of  this  same  harmonic  on 
channel  7 for  a sound  i-f  of  22.1  me, 
the  resulting  beat  frequency  being 
1.55  me.  Note  that  this  interfer- 
ence is  quite  similar  to  that  ob- 
tained from  an  external  f-m  signal. 
The  harmonics  falling  in  channels 
8,  10  and  13  are  similar  in  nature. 

In  most  television  receivers,  the 
video  detection,  because  of  the  rela- 
tively large  signal  required  to  drive 
a single  video  amplifier  and  the 
high  intermediate  frequency  which 
makes  small  amounts  of  capaci- 
tance important,  may  be  essentially 
regarded  as  being  peak  linear  detec- 


ing  this  waveform.  Since  at  point 
P the  discharging  capacitor  volt- 
age equals  the  steady  state  voltage, 
no  transient  will  occur.  After 
solving  for  B,  it  is  only  necessary 
to  make  a Fourier  analysis  of  the 
output  waveform  to  determine  the 
magnitude  of  the  harmonics.  Un- 
fortunately, it  has  been  found  that 
these  results  do  not  check  experi- 
mentally and  that  the  diode  resist- 
ance must  be  considered  for  repre- 
sentative video  detector  loads. 

Detector  Analysis 

Figure  5 shows  the  simplified 
video  detector  with  the  diode  re- 
sistance R,  considered.  While  this 
resistance  will  vary  with  the  magni- 
tude of  the  input  signal,  for  our 
purposes  it  will  be  considered  as  the 
average  slope  of  the  diode  charac- 
teristic over  the  input  signal  range. 
The  steady-state  a-c  relations  of  the 
load  circuit  for  a sine-wave  input 
are  shown  at  the  left  of  Fig.  5.  The 
alternating  waveforms  are  shown 
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on  the  right-hand  side  of  the  figure. 

Note  that  the  steady  state  cur- 
rent now  leads  the  input  voltage  by 
a smaller  angle,  0,  than  before. 
Since  the  steady-state  capacitor 
voltage  still  leads  the  current  by 
the  same  angle,  0',  as  before,  we  now 
have  the  capacitor  voltage  leading 
the  input  voltage.  At  point  P the 
transient  capacitor  voltage  equals 
the  input  voltage  and  the  diode 
starts  conducting.  However,  since 
this  voltage  is  different  from  the 
a-c  steady-state  capacitor  voltage, 
a transient  effect  will  take  place. 
We  will  assume  that  this  dies  out 
by  the  end  of  the  diode  conduction 
time  so  that  at  point  Q,  the  trans- 
ient and  steady-state  capacitor 
voltages  are  equal. 

Assume  also  a sine-wave  varia- 
tion for  the  capacitor  voltage  dur- 
ing the  diode  conduction  period. 
The  angle  B may  be  found  in  the 
same  manner  as  before  except  that 
0 now  has  a different  value  because 
of  the  diode  resistance. 

Figure  6 shows  the  output  wave- 
form alone  with  its  two  equations. 
A Fourier  analysis  of  this  wave- 
form was  made.  Figure  6 gives 
the  results  of  this  analysis  for  the 
third  and  seventh  video  i-f  harmon- 
ics generated  in  a typical  video  de- 
tector by  a 3-volt  peak  input  signal. 


FIG.  5 — Simplified  video  detector  with  diode  resistance 


FIG.  6 — Output  waveform  and  representative  magnitudes  of  video  i-f  harmonics 


FIG.  4 — Simplified  video  detector  neg- 
lecting diode  resistance 


TABLE  I 

Harmonics  of  I-F  Present  on  Channels  2 — 13  Video  I-F  = 26.4  Me 

Sound  I-F  = 21.9  Me 


Harmonic 

Video 

Fallins  in 

Harmonic 

Beat 

Channel 

Carrier 

Channel 

in  Me 

Frequency 

S 

55.25  Me 

3 

61.25 

3rd  Sound  I-F 

65.7 

4.45  Me 

4 

67.25 

5 

77.25 

3rd  Video  I-F 

79.2 

1.95 

6 

83.25 

4th  Sound  I-F 

87.6 

4.35 

7 

175.25 

8th  Sound  i-F 

175.2 

0.05 

8 

181.25 

7th  Video  I-F 

184.8 

3.55 

9 

187.25 

10 

193.25 

9th  Sound  I-F 

197.1 

3.85 

11 

199.25 

12 

205.25 

13 

211.25 

8th  Video  I-F 

211.2 

0.05 
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The  results  are  given  for  three 
values  of  diode  resistance  for  pur- 
poses of  comparison ; the  actual 
tube  used,  a 6AL5,  was  considered 
as  having  a resistance  of  250  ohms. 
The  results  obtained  for  the  6AL5 
checked  experimentally.  From  the 
relatively  large  magnitude  of 


the  beat  frequencies  from  the  har- 
monics of  the  video  i-f  signal  as  the 
video  i-f  is  varied. 

A study  of  these  two  figures  will 
show  that  a sound-carrier  inter- 
mediate frequency  of  21.75  me 
(video  i-f  = 26.25  me)  appears  to 
give  the  most  reduction  in  number 


tends  to  aggravate  the  problems  due 
to  the  sound  i-f  harmonics,  because 
of  the  introduction  of  additional 
feedback  paths  to  the  tuner. 

Intercarrier  Sound 

The  use  of  intercarrier  sound 
substantially  reduces  the  chances  of 


TELEVISION  CHANNELS 


FIG.  7 — ^Video  and  sound  i-f  harmonics  as  the  sound  i-f  Is 
yaried 


FIG.  8 — Beat  frequency  versus  sound  i-f.  Dotted  lines  in  this 
ond  Fig.  9 and  10  indicate  harmonic  below  video  corrter 


these  harmonics,  it  can  be  seen 
that  only  a small  fraction  need 
reach  the  tuner  to  interfere 
with  a weak  incoming  signal. 
By  increasing  the  time  constant  of 
the  load  so  that  the  output  voltage 
variation  between  cycles  is  reduced, 
the  magnitude  of  the  harmonics  will 
be  decreased.  However,  then  the 
load  capacitor  will  be  unable  to 
follow  high  modulation  frequencies 
near  3.5  me,  and  distortion  will 
occur. 

Minimum  Beats 

One  possible  means  of  reducing 
the  interference  caused  by  these 
harmonics  is  to  select  intermediate 
frequencies  in  the  21  to  26-mc  band 
for  the  sound  and  video  i-f  ampli- 
fiers that  give  the  least  number  of 
objectionable  beat  signals.  Figure 
7 shows  the  location  of  the  various 
harmonics  falling  in  the  twelve 
television  channels  as  the  sound 
carrier  intermediate  frequency  is 
varied  from  21.1  to  22.3  me  (video 
i-f  varies  from  25.6  to  26.8  me) . 

Figure  8 shows  the  frequency  of 
the  various  beats  from  the  sound 
i-f  harmonics  as  the  intermediate 
frequency  is  varied.  Figure  9 gives 


of  objectionable  harmonics.  With 
these  intermediate  frequencies  the 
beat  frequencies  under  3.5  mega- 
cycles are : 

(1)  A 1.5-mc  beat  on  channel  5 
due  to  the  3rd  video  i-f  harmonic. 

(2)  A 2.5-mc  beat  on  channel  8 
due  to  the  7th  video  i-f  harmonic. 

(3)  A 2.5-mc  beat  on  channel  10 
due  to  the  9th  sound  i-f  harmonic. 

By  moving  the  sound  carrier  i-f 
from  21.9  me  to  21.75  me,  the  num- 
ber of  objectionable  harmonics  has 
been  reduced  from  five  to  three. 

The  amplitude  of  these  harmon- 
ics is  such  that  interference  may 
•only  be  noticed  under  weak-signal 
conditions.  The  use  of  shielded 
cable  for  the  antenna  lead-in  and 
careful  chassis  layout  will  minimize 
this  interference.  It  may  be  neces- 
sary to  use  a series  or  parallel  reso- 
nant trap  to  stop  the  3rd  video  i-f 
harmonic  from  feeding  back  to  the 
tuner  under  most  signal  conditions 
on  channel  6.  The  other  harmonics, 
being  much  smaller  in  amplitude, 
may  usually  be  eliminated  by 
proper  lead  dress  and  adequate  by- 
passing. The  use  of  two  diodes  of 
a triple  diode-triode  tube,  such  as  a 
6T8,  for  the  sound  discriminator. 


interference  from  any  sound  i-f 
harmonics  since  now  these  may  only 
be  generated  in  the  video  detector 
where  the  sound  carrier  is  of  rela- 
tively low  amplitude.  Therefore 
the  only  i-f  harmonic  interference 
is  due  to  the  video  i-f  harmonics 
as  shown  in  Fig.  9. 

By  selecting  a video  intermediate 
frequency  of  25.6  me  and  using 
intercarrier  sound,  the  possibility 
of  harmonic  interference  is  almost 
eliminated  since  the  frequencies  of 
the  two  offending  harmonics  lie 
almost  outside  the  video  i-f  pass- 
band. 

The  use  of  intermediate  fre- 
quencies in  the  vicinity  of  41  me 
makes  the  selection  of  the  actual 
frequency  much  less  critical  than  in 
the  22-mc  region.  Figure  10  shows 
the  beat  frequencies  from  both 
sound  and  video  i-f  harmonics  that 
are  possible  for  sound  intermediate 
frequencies  from  40.9  to  41.6  me. 
Notice  that  only  three  harmonics 
fall  into  any  of  the  twelve  television 
channels.  If  intercarrier  sound  is 
specified,  the  only  harmonic  which 
must  be  suppressed  for  the  above 
range  of  sound  i-f  is  the  4th  video 
i-f  which  falls  on  channel  8.  Con- 
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sequently,  the  exact  selection  of  the 
sound  i-f  frequency,  say  at  41.25 

me,  can  be  dictated  by  other  consid- 
erations. 

It  is  also  possible,  if  the  tuner 
image  rejection  ratio  is  not  sufiSc- 
iently  large  (as  it  may  be  on  the 
high  television  channels)  for  i-f 
harmonics  existing  above  the  local 


oscillator  frequency  to  cause  inter- 
ference in  the  picture.  For  example, 
consider  a receiver  tuned  to  chan- 
nel 9,  with  a sound  carrier  i-f  of 
21.75  me,  the  local  oscillator  fre- 
quency will  be  213.5  me.  The  elev- 
enth harmonic  of  the  sound  i-f  is 

239.25  me.  The  26.75-mc  beat  be- 
tween these  two  frequencies  can 


possibly  appear  in  the  picture  (as  a 
0.5-mc  beat)  if  a feedback  path 
exists.  These  harmonics,  lying 
above  the  local  oscillator  frequency, 
will  not  usually  cause  trouble.  How- 
ever, the  possibility  of  interference 
from  this  source  should  be  recog- 
nized. 

The  authors  wish  to  thank  Carl 
Quirk  for  helpful  assistance. 


FIG.  9 — ^Beat  frequencies  from  hannonici  of  the  Tideo  I-f  signal 
plotted  against  change  in  the  Tideo  1-f 


FIG.  10 — ^Beat  frequencies  from  both  rideo  and  sound  i-f  harmonics 
u^g  an  i-f  near  41  me 


F-M  Receiver  Design  Problems 

A survey  of  design  and  production  techniques,  including  an  evaluation  of  limiter- 
discriminator,  ratio,  and  synchronized-oscillator  detectors.  Hum  reduction  and  the 


tracing  and  elimination  of 


A NUMBER  of  problems  arise  in  the 
design  of  f-m  receivers  as 
compared  with  those  for  a-m  only. 
Because  the  f-m  system  is  capable 
of  handling  greater  dynamic  range, 
the  power  output  of  the  audio  am- 
plifier must  usually  be  about  twice 
that  for  a-m,  and  the  extended  fre- 
quency range  requires  up  to  15,000 
cycles  frequency  response. 

Distortion  must  be  held  to  less 
than  5 percent  and  efforts  must  be 
made  to  eliminate  high-order  dis- 
tortion. A de-emphasis  circuit  must 
be  switched  in  for  f-m  to  compen- 


regenerative  effects  in  i-f  anc 
a-c/d-c  receivers,  are  described 

By  E.  C.  FREELAND 

sate  for  the  predistortion  intro- 
duced at  the  transmitter  to  improve 
the  high-frequency  signal-to-noise 
ratio.  The  de-emphasis  element 
takes  the  form  of  an  K-C  low-pass 
filter  with  a 75-microsecond  time 
constant  for  the  requisite  6-db-per- 
octave  audio  attenuation. 

Audio  and  modulation  hum  may 
arise  in  the  filament  circuit.  Heat- 
er-to-cathode  leakage  in  detectors 
employing  balanced  discriminators 
or  ratio  detectors  may  cause  hum 
problems  in  production  because  one 
of  the  cathodes  is  above  ground 


r-f  stages,  particularly  for 


for  audio  frequencies.  Insofar  as 
a-c/d-c  receivers  are  concerned,  the 
detector  must  be  placed  at  the  low 
end  of  the  filament  string. 

Filament-to-grid  emission  in  the 
converter  and  local  oscillator  tubes 
of  a-c/d-c  receivers  has  been  found 
to  be  a possible  cause  of  frequency- 
modulation  hum  in  the  local  oscil- 
lator. The  use  of  a low  value  of 
grid  leak  in  the  order  of  15,000 
ohms  has  been  found  quite  helpful. 
The  converter  tube  should  be 
located  next  to  the  second  detector 
in  the  filament  string  in  order  to 
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minimize  the  a-c  filament-to-grid 
potential.  The  presence  of  fre- 
quency modulation  in  the  local  oscil- 
lator is  readily  detected  by  apply- 
ing to  the  converter  grid  first  an 
unmodulated  i-f  signal  and  then  an 
unmodulated  r-f  signal  and  noting 
the  increase  in  audible  hum. 

Detector  Systems 

There  are  three  types  of  f-m  de- 
tectors generally  used  in  com- 
mercial receivers.  They  are:  the 
balanced  discriminator  which  is 
usually  preceded  by  a limiter;  the 
ratio  detector  which  uses  a balanced 
discriminator  in  a circuit  arrange- 
ment which  accomplishes  noise  re- 


duction without  the  use  of  a limiter ; 
and  the  synchronized-oscillator  type 
of  frequency  detector,  the  com- 
mercial form  of  which  is  known  as 
the  Bradley  detector,  giving  noise 
reduction  without  a limiter. 

Figure  lA  shows  a schematic 
for  the  limiter  and  balanced 
discriminator  form  of  detector. 
Amplitude-modulation  limiter  ac- 
tion is  obtained  by  the  use  of 
a low  time  constant  circuit 
of  the  order  of  15  microsec- 
onds in  the  grid  of  the  limiter 
tube  and  by  the  proper  adjustment 
of  plate  and  screen  voltages  to  ob- 
tain a flat  saturation  characteristic, 
as  shown  in  Fig.  IB.  The  opposing 
noise  voltage  appears  across  the 
low  time  constant  circuit  RxCx,  with 


the  result  that  the  a-m  noise  modu- 
lation is  materially  reduced.  Re- 
sistors Ri  and  R»  are  chosen  to 
give  screen  and  plate  voltages  in 
the  order  of  5 to  40  volts  to  obtain 
the  desired  limiter  characteristic. 

The  desired  discriminator  char- 
acteristic shown  in  Fig.  1C  is  ob- 
tainable with  approximate  trans- 
former constants  such  that  Li 
equals  Lj,  M is  twice  that  for  criti- 
cal coupling,  and  Q is  50  for  an  i-f 
frequency  of  10  me.  The  magni- 
tude of  Li  and  Lj  determines  the 
voltage  output  and  is  about  5 to  10 
mh  in  commercial  design. 

The  vector  diagrams  in  Fig.  ID 
show  how  the  voltage  output  is  de- 


veloped as  the  signal  goes  through 
its  frequency  modulation  cycle. 
Voltages  e,  and  e,  are  added  at  90 
degrees  to  the  primary  voltage  Ci 
through  Ct  when  at  the  center  fre- 
quency. As  we  move  off  resonance, 
the  phase  of  the  secondary  voltage 
shifts  with  respect  to  that  of  the 
primary,  a difference  in  diode  volt- 
age is  obtained  and  an  incremental 
d-c  voltage  is  produced  across  re- 
sistors Ri.  Circuit  R,C,  in  conjunc- 
tion with  Rt  serves  as  an  attenuator 
and  de-emphasis  network.  The 
values  given  are  approximately  as 
required  for  the  average  audio 
amplifier  of  a radio  receiver. 

Ratio  Detector 

Figure  2A  shows  the  schematic 


diagram  for  the  ratio  detector. 
Here,  a-m  rejection  is  obtained  by 
a double  diode  circuit  in  conjunc- 
tion with  a balanced  discriminator 
transformer  which  has  special  elec- 
trical constants.  The  addition  of  a 
capacitor  C,  for  storage  of  stabiliz- 
ing voltage  and  the  reversal  of  the 
diode  Di  are  the  most  significant 
circuit  changes  over  that  of  the 
ordinary  balanced  discriminator.  In 
addition,  the  diode  conductance 
should  be  high  and  the  diode  load 
resistors  low  so  as  to  load  the 
secondary  windings  L»  to  a point 
where  the  secondary  Q is  approxi- 
mately one-fourth  the  unloaded  Q. 

The  open  circuit  voltage  across 
L,  is  made  large  compared  to  that 
across  L*.  The  application  of  the 
diode  load  should  then  reduce  the 
voltage  across  L,  such  that  it  is 
equal  to  about  75  percent  of  the 
voltage  across  La.  This  effect  is 
illustrated  in  the  vector  diagram  in 
Fig.  2B,  which  also  gives  the  ap- 
proximate turns  relation  required 
to  simulate  the  conditions  of  this 
vector  relation.  Coil  L,  is  made 
large  in  comparison  to  L*  so  as  to 
match  more  nearly  the  plate  resist- 
ance of  the  i-f  amplifier  and  to  min- 
imize the  effect  of  the  diode  load  on 
the  primary  Q.  The  value  of  M 
is  made  less  than  critical  so  that  Ei, 
within  limits,  will  be  a direct  func- 
tion of  the  diode  load. 

The  application  of  a carrier  sig- 
nal to  the  primary  of  the  discrimi- 
nator transformer  will  now  charge 
Ca  to  a d-c  voltage  equal  to  Em  + 
Em  and  this  charge  will  follow  low 
rates  of  change  in  carrier  level. 
However,  suppose  that  the  carrier 
level  is  suddenly  increased  as  by  a 
burst  of  noise.  Capacitor  C*  will 
essentially  act  as  a short-circuit, 
consequently  the  diodes  will  impose 
a heavy  load  on  La  and  the  voltages 
Em  and  Eoa  will  increase  only  by  a 
small  fraction  of  the  carrier  in- 
crease caused  by  the  noise.  Con- 
versely, if  the  carrier  level  is  modu- 
lated downward  by  the  noise,  Ca 
remains  charged  and  reduces  the 
diode  current,  which  results  in  an 
increase  in  Em  and  Eot.  If  the 
downward  modulation  drives  the 


FIG.  1 — Limiter-discriminator  i-m  detector  circuit.  The  graphs  show  operational 
characteristics;  the  vector  diagreans  explain  instantaneous  eiiects 
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diode  current  to  zero,  then  La  is 
open-circuited  and  no  increase  in 
opposition  noise  voltage  is  possible. 

The  lower  the  value  of  Rx  and  the 
greater  the  Q of  La  the  more  down- 
ward modulation  the  detector  can 
handle.  However,  the  lower  the 
value  of  Rx  the  less  sensitive  is  the 
detector  and  the  greater  is  the  pos- 
sibility of  distortion  due  to  incor- 


rect phase  relations  in  the  trans- 
former. A good  compromise  design 
using  approximately  the  constants 
shown  will  handle  up  to  60  percent 
of  downward  modulation. 

The  audio  voltage  appears  across 
Ri  which,  so  far  as  operation  is 
concerned,  may  be  an  open  circuit 
and  is  shown  only  as  a means  of 
clarifying  the  functioning  of  the 
circuit.  When  the  carrier  frequency 
is  at  its  center  value  the  voltages 
Edx  and  Ed»  are  equal,  and  since  the 
two  diode  currents  are  in  opposi- 
tion, no  voltage  will  be  developed 
across  R^. 

Now  as  modulation  moves  the 
carrier  off  center  frequency  such 
that  Edx  decreases  and  Ed*  in- 
creases, the  current  through  Ri  due 
to  Edx  is  decreased.  This  is  equiva- 
lent to  an  increase  being  caused  by 
a voltage  in  opposition  to  that  due 
to  Edi.  Since  Ed2  represents  such  an 
opposition  voltage,  the  two  changes 
in  diode  currents  produce  a result- 
ant change  in  voltage  across  Rx 
equivalent  to  connecting  the  two 
diode  voltage  increments  in  paral- 
lel, while  a balanced  discriminator 


adds  these  voltages.  Thus  the  out- 
put of  the  ratio  detector  is  given  as 
one-half  Em  minus  Em. 

Since  no  audio  voltage  can  ap- 
pear across  the  stabilizing  capac- 
itor, the  ground  can  be  shifted  to 
the  optional  location  and  thus  per- 
mit the  use  of  a cathode  common  to 
that  of  the  first  audio  tube.  How- 
ever, this  arrangement  does  not 


permit  the  effective  use  of  balanc- 
ing resistors  between  the  diode  and 
the  junction  of  the  stabilizing  ca- 
pacitor and  load  resistor  which  are 
sometimes  required  for  the  best 
results  insofar  as  noise  rejection  is 


concerned.  These  balancing  resis- 
tors are  of  the  order  of  1,000  ohms. 

Equivalent  Circuit  of  Ratio  Detector 

Figure  3 may  help  further  to 
clarify  the  operation  of  the  ratio 
type  of  detector.  Figure  3A  shows 
the  equivalent  circuit  under  center- 
frequency  conditions,  with  batter- 
ies substituted  for  rectified  and 
applied  voltages.  Resistors  are 
substituted  for  the  various  imped- 
ances. The  values  shown  are  only 
relative  for  the  purpose  of  illustra- 
tion and  bear  no  absolute  relation 
to  the  actual  detector  circuit.  Bat- 
teries Hi  and  are  fictitious  volt- 
ages which  replace  the  i-f  plate 
current  of  the  driver  stage.  The 
diode  load  has  also  been  relocated 
so  as  to  represent  the  load  across 
the  transformer  and  a one-megohm 
resistor  occupies  its  conventional 
location  so  as  to  simulate  as  nearly 
as  possible  the  actual  detector. 

The  diagram  shows  the  detector 
under  a stabilized  condition, 
wherein  Bs  may  be  removed  without 
changing  the  circuit  conditions. 
Now  if,  with  Bs  connected,  Bx  plus 
Bs  is  increased  or  decreased  the 
change  in  current  will  flow  through 
Bs  plus  Rdx  and  Rd2  and  the  change 
in  Edx  and  Em  will  be  1/lOOth  of 
that  which  would  occur  if  the  sta- 
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FIG.  3 — Simplified  diagrams  of  the  ratio  detector,  with  batteries  representing 
voltages  and  resistances  representing  impedances 


FIG.  2 — Ratio  detector  for  i-m.  Transformer  turns  ratios  are  given  and  the  vector 
diagram  indicates  optimum  transformer  performonce 


RECEIVERS 


507 


bilizing  voltage  5*  were  not  pres- 
ent. It  is  seen  that  a-m  has 
little  effect  on  Edi  andfi'ca. 

Figure  3B  shows  the  relations  at 
off  center  frequency  for  a change 
in  diode  voltages  of  one  volt,  Fig. 
3D  shows  voltages  in  parallel. 

Figure  3C  shows  the  equivalent 
of  a circuit  used  with  a grounded 
cathode.  Since  the  ground  has  ef- 
fectively moved  from  zero  to  plus 
four  volts  with  respect  to  point  a 
and  the  voltage  from  a to  d is  pro- 
portional to  the  carrier  strength, 
point  a delivers  an  avc  voltage 
equal  to  half  the  charge  on  the 
stabilizing  capacitor. 

The  importance  of  electrical  bal- 
ance of  the  secondary  of  the  dis- 
criminator transformer  cannot  be 
overstressed.  The  transformer 
parameters,  particularly  the  im- 
pedance of  the  secondary  and  its 
coupling  to  the  primary,  are  also 
deserving  of  careful  consideration 
for  the  best  possible  a-m  rejection. 

A signal  generator  capable  of 
delivering  a signal  with  simul- 
taneous amplitude  and  frequency 
modulation  will  be  of  great  help. 
The  frequency  modulation  should 
be  of  the  order  of  100  cycles  at 
±75-kc  deviation  and  the  a-m  of 
the  order  of  1,000  cycles  at  50-per- 
cent modulation  so  that  it  is  pos- 
sible, by  the  use  of  a high-pass 
filter,  to  measure  the  a-m  compo- 
nent of  the  audio  output  voltage  in 
the  presence  of  the  output  due  to 
frequency  modulation.  This  filter 
should  have  suflScient  attenuation 
to  reduce  the  reading  on  the  output 
meter,  due  to  f-m,  to  a negligible 
value  compared  to  that  due  to  a-m. 

This  check  for  attenuation  can  be 
made  by  switching  off  the  ampli- 


tude modulation  and  reading  the 
output  through  the  filter  when  fre- 
quency modulation  is  applied.  A 
synchronized  scope  pattern  of  the 
discriminator  characteristic  will 
also  show  the  presence  of  a-m  by 


giving  a wide  line.  The  proper  in- 
terpretation of  this  pattern  will 
be  of  value  in  determining  the 

f-m/a-m  ratio.  A ratio  of  30  to  1 
in  voltage,  which  is  about  30  db,  is 
considered  satisfactory  for  field 
performance.  The  ratio  should  be 
checked  at  various  levels  of  input. 

Figure  4 shows  a circuit  ar- 
rangement which  is  applicable  to 
the  Bradley  synchronized-oscillator 
type  of  detector.  The  oscillator 
circuit  may  be  of  the  Colpitts 

or  Hartley  type,  the  particular 
requirement  being  that  it  run 

under  class  C conditions.  The 

tube  is  a pentagrid  type  with 
the  element  structure  of  such  de- 
sign as  to  give  the  special  charac- 
teristics required  for  best  operation 
as  a synchronized-oscillator  type  of 
detector  and  noise  rejection. 


Frequency  modulation  as  re- 
quired to  maintain  lock-in  is  ob- 
tained from  a 90-degree  component 
of  the  oscillator  signal  injected 
across  Lj  by  L2.  The  magnitude  is 
controlled  by  the  change  in  oscil- 


lator plate  current  7p.  The  control 
of  magnitude  of  the  90-degree  com- 
ponent is  accomplished  by  changing 
the  total  effective  bias  of  Ea^  plus 
£'01.  This  90-degree  component  will 
appear  as  a capacitance  or  an  in- 
ductance across  L1C1,  dependent 
upon  the  polarity  of  L,.  Therefore 
the  reversal  of  La  reverses  the  phase 
of  the  audio  output  in  reference  to 
the  carrier  modulation. 

In  most  cases  the  capacitive 
polarity  for  L2  gives  the  best  results 
and  is  determined  by  observing  the 
oscillator  frequency  when  changing 
the  bias  E03.  If  the  phasing  is  cor- 
rect, the  oscillator  frequency  will 
increase  with  more  negative  bias. 

Load  resistance  Rl  damps  Lj  such 
that  its  Q is  approximately  10.  This 
damping  prevents  changes  in  phase 
of  the  90-degree  component  during 
the  application  of  frequency  modu- 
lation to  the  oscillator  under  lock-in 
conditions.  When  the  circuit 
parameters  are  properly  adjusted, 
a straight  line  is  obtained  between 
the  break-out  points  and  the  output 
is  independent  of  the  input. 

Figure  4B  illustrates  the  method 
by  which  the  effective  bias  of 
Ea2  + Eoi  is  made  to  vary  with 
modulation.  This  method  produces 
an  audio  component  of  plate  cur- 
rent through  RsC^,  the  amplitude  of 


Table  I — Approximate  Performance  Data  for  ±;22-KC  Deviation 


Tyoe  of  F-M 
Detector 

Location 
of  Measm-ement 

Sensitivity 
in  mV 

Output 

Voltage 

Ratio 

Driver  Grid 

100,000 

0.3 

Bradley 

Driver  Grid 

75,000* 

2.0 

Limiter  and 
Balanced 
Discriminator 

Limiter  Grid 

10  X io» 

5.0 

* Lock-in  sensitivity  for  ± 75  kc 

FIG.  4 — Typical  synchronized-oscillotor  f-m  detector.  Plate-current  and  signal 
relations  are  shown  at  B 
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which  is  a direct  function  of  the 
carrier  deviation.  It  is  to  be  noted 
that  the  time  constant  of  R^Cs  is  75 
microseconds,  as  required  to  supply 
the  proper  de-emphasis  correction 
to  the  audio  response  curve. 

When  the  signal  voltage  is  at  90 
degrees  to  the  oscillator  grid  pulse 


no  change  in  plate  current  will  take 
place.  It  should  be  remembered, 
however,  that  a fictitious  capaci- 
tance or  inductance  is  present 
across  LiCi  under  this  steady-state 
condition.  The  oscillator  frequency 
is  in  part  determined  by  this 
90-degree  component  as  well  as  LiCi 
and  the  padding  of  Ci  must  be 
such  as  to  compensate  properly. 

Now  let  us  apply  modulation  to 
the  carrier  such  that  its  frequency 
is  shifted  by  a small  incremental 
change,  and  such  that  the  phase 
shifts  in  such  a direction  as  to  ap- 
proach the  in-phase  condition.  A 
small  increase  in  plate  current  takes 
place,  resulting  in  a corresponding 
increase  in  the  90-degree  compo- 
nent of  oscillator  current  across 
LtCi.  This  change  in  turn  produces 
enough  change  in  oscillator  fre- 
quency to  satisfy  the  conditions 
around  the  loop. 

The  converse  takes  place  when 
the  modulation  is  such  as  to  move 
the  frequency  in  the  opposite  direc- 
tion, as  indicated  by  the  out-of- 
phase condition  shown  in  Fig.  4B. 
When  the  change  in  plate  current 


caused  by  this  phase  shift  is  not 
sufficient  to  provide  the  magnitude 
of  90-degree  component  required  to 
deviate  the  oscillator  so  that  it  is 
in  step  with  the  carrier,  break-out 
occurs  and  the  audio  output  goes 
through  a point  of  discontinuity 
which  will  be  observed  as  a ragged 


type  of  distortion..  When  break-out 
occurs,  either  the  phase  shift  has 
gone  through  90  degrees  or  the 
tube  has  reached  saturation. 

While  the  lock-in  sensitivity  of 
this  type  of  detector  is  as  low  as 
0.3  volt,  full  advantage  of  this 
sensitivity  cannot  be  realized  be- 
cause of  the  fact  that  it  is  necessary 
to  drive  G,  from  a source  impedance 
of  a few  thousand  ohms  in  order  to 
reduce  stray  oscillator  voltage  on 
Ga  due  to  capacitance  coupling  in 
the  tube.  Experience  has  shown 
that  excessive  oscillator  voltage  on 
Ga  introduces  objectionable  distor- 
tion. A more  complete  description 
appeared  in  the  October  1946  issue 
of  Electronics,  p 88. 

It  is  seen  from  Table  I that  the 
choice  of  the  f-m  detector  has  a 
direct  bearing  on  the  requirements 
of  the  i-f  amplifier,  particularly  so 
far  as  gain  is  concerned.  Whether 
or  not  an  r-f  stage  is  used  also 
affects  the  gain  requirements  and 
overall  stability  of  the  i-f  system. 

The  antenna  sensitivity  may 
vary  between  two  and  75  micro- 
volts, depending  on  the  price  class 


and  performance  requirements.  It 
is  possible  to  realize  a gain  of  2 in 
the  antenna  stage,  and  for  the  r-f 
stage  a gain  of  10.  Although  the 
theoretical  maximum  is  consider- 
ably higher,  it  is  difficult  to  realize, 
because  of  tube  loading  and  other 
circuit  losses  that  are  difficult  to 
control.  Keeping  these  factors  in 
mind,  we  can  estimate  the  gain  re- 
quirements and  the  number  of 
stages  to  be  used  in  the  i-f  system. 

Figure  5 shows  a typical  double- 
channel i-f  stage  capable  of  han- 
dling either  f-m  or  a-m  signals.  The 
a-m  trimmers  C#,  C„  Ci  and  Ca  act 
as  bypasses  for  the  10.7-mc  f-m  sig- 
nal, while  Li,  Li,  L»  and  L«  are  of 
negligible  impedance  at  the  a-m  i-f. 

The  stage  gain  at  optimum  cou- 
pling is  given  by 

^ 

when  Z is  (oLQ,  L3L4  is  in  the  order 
of  8 to  12  microhenrys  and  Q is 
about  50  for  the  average  receiver. 
In  most  cases  the  term  Za/R,  can 
be  neglected.  The  attenuation  at 
plus  and  minus  100  kc  in  a stage 
employing  a transformer  with  a Q 
of  50  and  adjusted  for  critical  or 
optimum  coupling  is  1.2  to  1.  It  is 
desirable,  from  the  standpoint  of 
facilitating  production  padding  and 
field  operation  in  any  one  of  the 
previously  discussed  detector  sys- 
tems, to  maintain  the  coupling  at 
slightly  less  than  the  critical  value. 

Regeneration 

In  many  cases  the  chief  problem 
pertaining  to  the  i-f  amplifier  is 
that  of  regeneration.  The  cause  of 
regeneration  is  difficult  to  locate 
because  in  many  cases  no  analytical 
method  seems  to  be  available  by 
which  its  source  can  be  located. 

It  is  helpful  to  consider  a regen- 
erative or  degenerative  amplifier  as 
one  having  a portion  of  the  output 
signal  coupled  back  to  the  input  in 
some  particular  phase  relation  to 
the  original.  Rather  than  feed  the 
original  signal  in  at  the  first  stage 
of  the  amplifier,  let  it  be  applied  to 
the  last  stage  in  such  a manner  that 
the  regenerative  as  well  as  the 
original  signal  will  be  amplified. 


FIG.  5 — ^Representative  a-m  cmd  f-m  intermediate-frequency  stage  with  notations  for 
discussion  of  regenerative  effects 
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This  effect  is  accomplished  as 
shown  in  Fig.  5 by  applying  the  so- 
called  original  signal  from  the  gen- 
erator through  a small  capacitor 
about  3 to  the  terminal  of  L., 
Ca  being  adjusted  to  compensate  for 
the  additional  capacitance  across 
The  front  end  of  the  amplifier 
has  previously  been  tuned  and  the 
detector  converted  to  an  a-m  type 
by  opening  one  diode  or  stopping 
the  oscillator.  When  the  diode  is 
removed,  an  equivalent  capacitance 
should  be  substituted  in  its  place  to 
maintain  correct  tuning.  With  an 
amplitude-modulated  signal,  it  is 
now  possible  for  the  audio  amplifier 
to  indicate  relative  signal  ampli- 
tudes. The  feedback  signal,  if 
present,  is  readily  removed  by 
shorting  L,  with  a O.Ol-fjif  capaci- 
tor. The  presence  of  feedback  will 
be  indicated  by  a change  in  ampli- 
tude of  the  detected  audio  output. 

When  the  amplifier  circuits  are 
tuned  exactly  to  the  frequency  of 
the  applied  signal,  the  phase  angle 
between  the  feedback  signal  voltage 
and  that  of  the  applied  signal  is 
usually  some  multiple  of  90  de- 
grees. If  under  these  conditions 
the  feedback  is  not  in  phase  with 
the  applied  signal,  the  tuned  cir- 
cuits will  seek  a new  frequency 
such  that  the  several  small  phase 
shifts  in  each  circuit  will  add  up  to 
bring  the  feedback  voltage  almost 
in  phase  with  the  applied  signal. 
Under  this  condition  the  apparent 
maximum  gain  is  not  at  the  true 
resonant  frequency  of  the  tuned 
circuits  and  the  selectivity  curve  be- 
comes unsymmetrical,  or  if  the 
feedback  is  of  sufficient  magnitude 
the  amplifier  will  oscillate  at 
some  frequency,  usually  within 
(1  ±:  2/Q)  times  the  resonant  fre- 
quency of  the  tuned  circuits.  If 
the  feedback  is  small,  and  at  90 
degrees  to  the  applied  signal,  it 
may  only  change  the  symmetry  of 
the  selectivity  curve,  and  it  will 
then  be  necessary  to  check  for  the 
presence  of  feedback  at  frequencies 
slightly  off  resonance.  The  check 
is  still  made  by  observing  the 
change  in  output  due  to  shorting  L, 
with  a 0.01-|jif  capacitor. 


The  application  of  this  method  to 
the  solution  of  a regenerative 
problem  is  relatively  straightfor- 
ward. Since  there  is  no  longer  de- 
pendence upon  the  front  end  of  the 
amplifier  to  provide  a source  of 
signal,  it  is  possible  to  disconnect 
or  short-circuit  any  point  ahead 
of  La  without  affecting  anything 
other  than  the  regeneration. 

To  locate  the  source  of  feedback. 


FIG.  6 — ^B-minus  decoupling  circuit 


start  at  the  first  stage  and,  with  a 
O.Ol-fii  capacitor,  bypass  succes- 
sively the  grids  and  plates  of  each 
stage  until  a change  in  output  sig- 
nal level  is  noted.  Such  a point  is 
a source  of  feedback,  but  not  neces- 
sarily the  only  one. 

If  the  amplifier  is  oscillating  it 
will  be  necessary  to  proceed  down 
the  line  until  a point  is  reached 
where  the  bypass  kills  the  oscilla- 
tion. Having  located  the  point  at 
which  regeneration  occurs,  it  then 
becomes  only  a matter  of  inserting 
the  necessary  filtering,  providing 
the  feedback  is  in  the  low-potential 
end  of  the  circuit.  If  it  is  in  the 
high-potential  end,  other  methods 
of  correction  must  be  applied. 

The  most  familiar  tsnpe  of 
regeneration,  which  occurs  in  the 
high-potential  end  of  i-f  ampli- 
fier impedances,  is  that  resulting 
from  grid-to-plate  capacitance. 
The  advent  of  the  screen  grid 
tube  eliminated,  for  a time, 
this  type  of  regeneration,  but 
as  better  i-f  transformers  were 
developed  and  the  individual  stage 
performance  improved,  it  again  be- 
came the  limiting  factor  so  far  as 
stage  gain  is  concerned.  This  style 


of  feedback  can  be  found  in  most 
low-cost  broadcast  receivers  and 
manifests  itself  as  an  unsymmetri- 
cal selectivity  curve. 

An  indication  of  the  magnitude 
of  feedback  due  to  the  grid-to-plate 
capacitance  (Cor)  is  given  by 


A (CopQ»A/C,) 

when  Af  is  gain  with  feedback 
owing  to  Cop.  It  is  approximate  be- 
cause it  does  not  include  the  phase 
angles  which  vary  with  the  degree 
of  feedback  and  approach  90  de- 
grees as  the  magnitude  of  the  feed- 
back is  reduced. 

Consider  a possible  example 
where  Cqp  is  0.004  (j.jif,  Q,  is 
50,  Cg  is  24  and  A is  60.  By  sub- 
stitution it  is  found  that  the  ampli- 
fication with  feedback  present  is 
twice  that  without  feedback,  while 
good  design  practice  calls  for  this 
ratio  to  be  less  than  about  1.3  to  1. 
If  the  overall  design  is  such  as  to 
require  the  maximum  possible  i-f 
stage  gain,  the  use  of  neutralization 
is  a means  of  reducing  the  feedback 
due  to  grid-to-plate  capacitance. 

Neutralization 

A convenient  means  of  neutraliz- 
ing the  grid-to-plate  capacitance  in- 
volves obtaining  an  out-of-phase 
voltage  on  the  screen  with  respect 
to  that  of  the  plate.  The  screen- 
to-control-grid  capacitance  Cbo  then 
sets  up  a voltage  across  L«  in  op- 
position to  that  of  the  feedback 
voltage  caused  by  the  grid-to-plate 
capacitance.  The  polarity  signs  in 
Fig.  5 indicate  the  conditions  of  in- 
stantaneous polarity  as  required  for 
conditions  of  neutralization. 

The  out-of-phase  voltage  to  be 
applied  to  the  screen  is  best  ob- 
tained by  making  the  ecreen  bypass 
Cs  common  to  the  plate  bypass. 
Now  Cm,  in  combination  with  the 
plate-to-ground  capacitance  Cpo, 
forms  a voltage  divider  across  L* 
and  the  current  is  in  such  direction 
as  to  obtain  the  necessary  phase 
reversal  across  Cm.  For  purposes 
of  clarity,  Caa  is  assumed  small  in 
comparison  to  Ct  and  hence  shows 
only  the  approximate  relation  re- 
quired for  balance 
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Cy  — Cpo  Cso/Cop  (3) 
Since  Cpa  is  not  readily  deter- 
mined and  the  lead  inductance  of 
Cy  is  also  a factor,  the  conditions 
for  balance  are  more  exactly  deter- 
mined by  experimental  methods 
than  by  calculation  from  the  theo- 
retical equation.  Because  the  3- 
[i|jif  coupling  capacitor  adds  to  the 
plate-to-ground  capacitance,  a more 
accurate  balance  will  be  obtained  if 
this  capacitor  is  reduced  to  about  1 
[i[i.f  and  its  leads  dressed  down 
towards  the  chassis  to  keep  the 
grid-to-plate  capacitance  at  a mini- 
mum. It  will  then  be  necessary  to 
readjust  C*  for  maximum  output  to 
compensate  for  the  change  in  coup- 
ling capacitance.  Now  with  Li 
shorted,  observe  the  effect  of  C, 
on  the  output.  If  Cy  is  too  large 
the  circuit  will  be  under-neutralized 
and  the  output  will  be  observed  to 
increase  and  then  decrease  as  the 
phase  of  the  feedback  is  changed  by 
tuning  Ci  through  resonance  from 
the  high-frequency  side.  The  con- 
verse is  true  if  the  circuit  is  in 
the  underneutralized  condition. 

When  the  correct  value  of  Cjv  is 
inserted  no  change  in  output  will 
be  observed  as  C*  is  tuned  through 
resonance.  The  value  of  Cy  may 
vary  from  minus  25  to  plus  50  per- 
cent without  increasing  the  feed- 
back ratio  beyond  about  1.3  to  1 
providing  the  ratio  without  neu- 
tralization does  not  exceed  2 to  1, 
but  since  allowance  must  be  made 
for  other  variables,  a tolerance  on 
Cy  of  minus  10  to  plus  25  percent 
is  preferred. 

Feedback  in  F-M  Sets 

The  common  type  of  overall  re- 
generation due  to  common  coupling 
in  the  B-plus  circuits  is  familiar  to 
most  engineers  and  need  not  be  dis- 
cussed here.  There  is,  however,  a 
new  problem  in  the  B-minus  cir- 
cuits which  will  be  encountered 
when  designing  an  f-m  receiver  in- 
corporating the  familiar  a-c/d-c 
circuit  in  which  the  chassis  is  iso- 
lated from  the  power  circuits.  Fig- 
ure 6 shows  the  circuit  elements  in- 
volved in  this  type  of  feedback  and 
a filter  for  eliminating  it.  The  plate- 


to-ground  capacitance  Cpo  sets  up 
a voltage  across  the  0.01-(i,f  capaci- 
tor connected  between  ground  and 
cathode  of  this  stage.  In  the 
absence  of  the  50-ohm  filter  resistor, 
this  voltage  would  be  applied  be- 
tween the  grid  and  cathode  of  the 
previous  stage  through  its  grid-to- 
ground  capacitance  Caa. 

Experience  would  lead  one  to 
think  that  the  value  of  the  capacitor 
between  cathode  and  ground  in  Fig. 
6 should  be  increased,  but  a little 
further  investigation  will  show  that 
a 0.01-(x.f  capacitor  will  resonate 
with  half-inch  leads  at  about  10  me. 


The  choice  of  this  particular  value 
of  capacitor  for  most  of  the  bypass 
requirements  in  the  i-f  amplifier  of 
f-m  receivers  is  then  apparent.  It 
is  necessary  to  depart  from  con- 
ventional a-m  technique  so  far  as 
the  B-minus  circuit  is  concerned,  by 
adding  filter  sections  between  the 
cathodes  of  successive  amplifier 
stages. 

Filament  Feedback 

Similar  problems  to  that  of  the 
B-minus  circuit  also  exist  in  the 
series  filament  string  of  a-c/d-c  re- 
ceivers, the  feedback  being  due  to 
the  capacitance  between  the  fila- 
ment and  cathode  and  the  filament 
and  grid.  In  the  solution  of  this 
problem,  series  chokes  are  used  and 
the  bypasses  are  returned  to  the 
cathode  rather  than  ground  in 


order  to  avoid  modulation  hum  due 
to  a-c  potential  on  the  floating 
chassis.  Filters  of  this  type  are 
also  often  required  in  a-c  receivers 
to  reduce  feedback  currents  car- 
ried by  the  parallel  filament  cir- 
cuits. 

The  combination  of  the  low 
capacitance  used  in  the  tuned  cir- 
cuits of  the  i-f  amplifier  and  the 
construction  used  in  high  G„  tubes 
increases  to  a marked  degree  the 
effect  of  the  change  in  input  capaci- 
tance when  avc  is  applied  to  the 
grid.  The  proper  choice  of  cathode 
resistor  Rk  will  introduce  an  appar- 


ent negative  capacitance  designated 
as  A C in  the  expression 

Ry  = ^ C/CoK  Gy  (4) 

This  negative  capacitance  dimin- 
ishes with  G„  at  approximately  the 
same  absolute  rate  as  that  of  the 
positive  input  capacitance.  The 
value  shown  in  Fig.  5 is  approxi- 
mately that  required  for  cor- 
rection of  input  capacitance  change 
of  the  average  i-f  stage  employing  a 
high  Gm  tube. 

The  choice  of  a converter  is 
somewhat  dependent  upon  overall 
design  considerations.  The  triode 
is  known  . to  have  a much  lower 
equivalent  noise  resistance  than  a 
pentagrid  type  and  therefore  will 
be  the  most  likely  choice  if  no  r-f 
stage  is  contemplated  for  one  or 
both  bands.  If  an  r-f  stage  is  in- 
cluded as  part  of  the  design,  a pen- 


FIG.  7. — R-f  stage  for  a-m  and  f-m  receiver,  arranged  for  discussion  of  regenerative 

effects 
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tagrid  converter  may  give  slightly 
better  performance  in  f-m  gain  and 
r-f  input  resistance. 

The  chief  regeneration  problems 
associated  with  the  converter  are 
the  so-called  hot  spots  which  are 
identified  as  highly  regenerative 
portions  of  the  band.  They  appar- 
ently arise  from  the  oscillator  coup- 
ling to  the  i-f  through  the  filament 
or  B-plus  leads  to  produce  an 
antenna  frequency,  which  in  turn  is 
coupled  back  to  the  antenna  or  r-f 
circuits.  Bypassing  of  the  hot  fila- 
ment or  B-plus  leads  to  chassis 
through  a small  self-resonant 
capacitor  of  about  100  [/.{if  has  been 
found  to  be  effective  in  removing 
this  type  of  regeneration. 

R-F  AmplificaHon 

If  an  r-f  stage  is  used,  degenera- 
tive as  well  as  regenerative  prob- 
lems will  be  encountered.  Because 
the  phase  relations  cannot  be  main- 
tained so  that  the  two  effects  cancel, 
it  is  necessary  to  treat  each  as  an 
individual  problem  and  apply  inde- 
pendent solutions. 

The  acorn  tube  makes  the  most 


FIG.  8 — Circuit  to  indicate  capacitor-shaft 
coupling 


reliable  type  of  diode  voltmeter, 
but  still  imposes  a loss  across  the 
tuned  circuit.  A small  series 
capacitor  will  reduce  the  loss,  but 
at  the  same  time  reduces  the  volt- 
meter sensitivity.  Keep  leads  short. 

The  gain  of  the  r-f  stage  shown 
in  Fig.  7 is  given  by 

A — Gn  0)  Z/2  Qn  (5) 

Special  design  precautions  must  be 
taken  even  to  approach  this  theo- 
retical value.  An  amplifier  tube 


working  at  these  frequencies  has 
a low  input  resistance  caused  by 
transit  time  and  the  voltage  across 
the  cathode-lead  inductance  Lk.  The 
grid-to-cathode  capacitance  Cok 
couples  this  cathode  voltage  to  the 
grid  circuit  in  degenerative  relation 
to  the  applied  signal.  If  the  cathode 
lead  is  assumed  to  be  one  inch  long 
with  a diameter  of  0.05  inch,  the 
relation 
Lk  = 

0.005  I [2.3  logio  ( J ^ - 1)] 

shows  it  to  have  an  inductance  of 
0.01  microhenry.  Inserting  this 
value  in  the  equation 

Rl  — 1/w*  Git  Lk  Cok  (7) 
and  assuming  that  the  grid-to- 
cathode  capacitance  of  the  tube  is  5 
while  the  is  assumed  to  be 
4,000  micromhos,  gives  an  apparent 
load  resistance  of  12,000  ohms.  The 
shunt  impedance  of  LiCi  is  found  to 
be  about  10,000  ohms  and  hence  Rl 
has  the  effect  of  reducing  the  Q of 
the  tuned  circuit  by  a factor  of  ap- 
proximately two  to  one. 

The  effect  of  the  input  admit- 
tance on  the  circuit  Q of  LiCi  is 
readily  verified  by  observing  the 
voltage  change  across  Li  as  the  tube 
is  turned  on  with  the  signal  genera- 
tor loosely  coupled  to  LiCi  through 
a 2-(jL(ji.f  capacitor.  If  the  loading 
is  of  the  magnitude  indicated  by 
the  previous  calculations,  the  volt- 
age will  drop  about  two  to  one  with 
the  r-f  tube  hot  as  compared  to  that 
with  the  tube  cold.  Part  of  this 
loading  depends  upon  the  transit 
time  of  the  electrons  between  the 
grid  and  cathode. 

The  net  effect  of  the  tube  on  the 
Q of  the  input  circuit  can  be  largely 
compensated  by  inserting,  in  series 
with  the  cathode,  a small  resistor 
Rk.  If  Ck  is  very  small  and  Rk 
large  in  comparison  to  Lk,  the 
phase  angle  of  the  feedback  will  be 
shifted  such  that  Rl  is  replaced  by 
a negative  capacitance  which  affects 
only  the  value  of  Ci.  If  the  imped- 
ance between  cathode  and  ground 
has  a capacitive  phase  angle,  Rl 
will  be  negative,  and  if  sufficiently 
so,  the  circuit  will  oscillate.  When 
a proper  adjustment  of  the  cathode 


impedance  is  made,  the  generator 
voltage  across  LiC,  will  not  be  af- 
fected by  turning  the  heater  of  the 
r-f  tube  on  or  off. 

The  importance  of  short  leads 
and  low  inductance  in  common  cir- 
cuit paths  is  important  in  r-f  stages 
that  employ  the  conventional  type 
of  f-m  tuning  capacitor.  The  cir- 
cuit elements  involved  are  arranged 
in  Fig.  8,  where  Lux  is  the  mutual 
inductance  to  be  considered  as  re- 
placing the  coupling  in  the  capaci- 
tor owing  to  common  currents 
through  the  rotor  shaft  and  frame 
of  the  tuning  capacitor.  The  in- 
ductance of  a ground  lead  repre- 
sented by  Lm2  indicates  how  coup- 
ling exists  due  to  the  stray  ground 
capacitances  of  the  grid  and  plate 
circuits.  While  this  inductance,  for 
the  same  degree  of  feedback,  can 
be  about  five  times  that  of  Lmx,  it 
will  be  shown  that  it  is  important 
to  use  the  best  possible  grounding 
on  the  rotor  shaft  and  frame  of 
the  tuning  capacitor. 

Suppose  that  Lux  is  physically 
represented  by  a copper  rod  1/32 
inch  in  diameter  and  1/64  inch  long. 
While  Eq.  6 cannot  be  rigorously 
applied  to  such  small  dimensions, 
we  find  by  substitution  that  the 
inductance  of  Lux  is  approximately 
0.00004  microhenry.  Using  the 
relation 

Ar/A  = 1/Ll  - (Lu  Qx  A/L,)]  (8) 
if  the  stage  gain  A is  assumed  to  be 
20  and  Qi  is  100,  it  is  found  that  the 
right-hand  denominator  becomes 
zero  and  a condition  of  oscillation 
exists.  This  analysis,  like  that  of 
the  previous  problem  relative  to  i-f 
regeneration,  is  only  approximate 
because  it  does  not  include  the 
phase  angle  of  the  feedback  which 
varies  with  the  degree  of  feedback 
and  approaches  90  degrees  as  the 
feedback  approaches  zero. 

This  type  of  regeneration  might 
be  analyzed  by  a similar  procedure 
to  that  described  for  feedback  in 
the  i-f  amplifier  stage.  The  signal 
from  the  generator  is  applied  across 
Lo  through  a small  capacitor 
and  its  amplitude  observed  on 
a high-frequency  diode  voltmeter 
connected  directly  across  Lz.  If 
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regeneration  is  present  the  de- 
flection of  the  diode  voltmeter 
will  change  with  the  tuning  of  a 
trimmer  across  Ci  while  Ci  is  ad- 
justed for  resonance.  Regeneration 
may  be  due  to  mutual  coupling  be- 


tween the  coils,  capacitance  coupl- 
ing between  the  circuits,  or  mutual 
coupling  owing  to  common  currents 
in  the  tuning  capacitor.  Correction 
of  these  various  conditions  is 
straightforward.  To  eliminate  the 


coupling  in  the  tuning  capacitor 
entirely,  it  may  be  necessary  either 
to  use  insulated  rotor  sections  in 
the  gang  capacitor  or  replace  it 
with  permeability  tuned  coils. 


Few  Crystals  Control  Many  Channels 

Local  oscillator  of  multichannel  superheterodyne  receiver  used  for  aircraft  communica- 
tion and  navigation  is  crystal  controlled  on  120  channels  by  only  10  crystals.  Condi- 
tions for  minimum  number  of  crystals,  frequency  spacing,  and  stability  are  described 


Radio  receivers,  to  be  suffi- 
ciently stable  in  the  very  high 
frequency  portion  of  the  spectrum, 
require  crystal  control.  However  to 
provide  separate  crystals  for  each 
channel  is  often  impractical. 

The  need  for  simplicity  is  espe- 
cially great  in  aircraft  equipment 
operating  in  the  108  to  132  mega- 
cycle band,  in  which  such  aviga- 
tional  facilities  as  localizers  and 
omnidirectional  ranges,  and  such 
communicational  facilities  as  tower 
and  airways  channels  and  domestic 
and  international  operational  sta- 
tions are  located.  An  aircraft  flying 
from  coast  to  coast  in  the  United 
States  can  use  as  many  as  forty 
frequencies  in  this  "band,  if  it  stays 
on  the  same  company  airway ; if  the 
plane  is  interchanged  between  com- 
panies at  terminal  points  on  the 
way,  more  frequencies  would  be 
used.  All  these  frequencies  should 
be  crystal  controlled. 

To  minimize  the  required  number 
of  crystals  both  to  reduce  produc- 
tion cost  and  simplify  servicing,  a 
crystal  saver  circuit  has  been  de- 
vised for  use  in  the  Bendix  MN-85 
vhf  navigation  system  receiver. 

Circuit  Principle 

The  basic  problem  to  be  solved  in 
aircraft  receiver  design  is  to  pro- 
vide crystal  control  on  the  120  chan- 
nels spaced  every  200  kilocycles 


By  W.  R.  HEDEMAN,  JR. 

throughout  the  108  to  132  me  band. 
Each  frequency  must  be  maintained 
to  better  than  0.01  percent.  Control 
must  be  established  using  a small 
number  of  self-contained  crystals, 
retaining  simplicity  of  design,  and 
providing  ease  of  maintenance  and 
reliable  performance.  To  meet  the 
requirements  of  frequency  stability, 
a superheterodyne  receiver  is  nec- 
essary. This  discussion  is  concerned 
only  with  producing  the  required 
number  of  crystal-controlled  local 
oscillator  frequencies  to  obtain  the 
desired  number  of  channels,  and 
does  not  consider  overall  receiver 
design  problems. 


Consider  Fig.  1;  the  variable  os- 
cillator is  the  receiver  local  oscilla- 
tor. It  is  a free  oscillator,  capable  of 
being  tuned  over  the  frequency  band 
required.  The  radio-frequency  tun- 
ing circuits  are  ganged  and  tracked 
with  the  local  oscillator  tuning.  The 
actuhl  frequency-rotation  curve  is 
unimportant,  but  an  approximation 
to  straight-line  frequency-rotation 
is  helpful  in  stabilizing  tuning  mo- 
tor control  circuits. 

Some  of  the  output  of  the  vari- 
able oscillator  is  fed  to  the  first  fre- 
quency converter  where  it  is  com- 
bined with  the  output  of  the  first 
crystal  oscillator  from  which  one 


FIG.  1 — ^Variable  oscUlotor  of  receiver  is  stabilised  on  any  one  of  120  channels  in 
the  vhf  aircraft  bond  by  means  of  this  crystal  saver  circuit 
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harmonic  is  selected  by  means  of 
fixed  tuned  selective  circuits.  The 
first  band-pass  amplifier  passes  the 
difference  frequency  of  the  output 
from  the  first  frequency  converter 
on  to  the  second  frequency  con- 
verter into  which  is  also  fed  the 
output  from  the  second  crystal  os- 
cillator. This  oscillator  may  be  at 
any  one  of  a number  of  frequencies 
as  determined  by  its  crystal  se- 
lector. The  second  band-pass  am- 
plifier passes  the  difference  fre- 
quency of  the  output  from  the 
mixer  second  frequency  converter. 
Output  from  this  band-pass  ampli- 
fier is  fed  to  a number  of  fixed  tuned 
discriminators,  of  the  Foster-See- 
ley type,  to  obtain  d-c  output  which 
feeds  the  control  tube.  The  latter, 
in  turn,  operates  the  servomotor. 

Output  from  the  discriminator 
provides  intelligence  for  frequency 
correction  and  for  initial  tuning.  If 
fo  is  the  frequency  of  the  variable 
oscillator,  /»  is  the  frequency  of 
harmonic  selected,  /*  is  the  fre- 
quency of  second  crystal  oscillator, 
and  fa  is  the  frequency  of  discrim- 
inator, then 

fo^fk+U±U  (1) 

when  the  system  is  balanced  by  be- 
ing on  frequency.  Either  the  plus 
or  the  minus  sign  can  be  selected  as 
the  stable  frequency  position  by 
changing  the  sense  of  the  servomo- 
tor. Thus  by  a few  changes  of  sev- 
eral variables,  many  frequencies 
can  be  crystal  controlled. 

Servomotor  Control 

To  explain  the  motor  control  cir- 
cuit it  is  helpful  to  examine  a sim- 
plified form  such  as  is  shown  in 
Fig.  2,  which  shows  only  a variable 
oscillator  driven  by  a motor,  with 
a discriminator  to  determine  the 
oscillator  frequency.  The  direction 
of  motor  rotation  is  determined  by 
relay  contacts  HC,  LC,  their  coils 
being  energized  from  the  output  of 
the  discriminator,  through  the  con- 
trol tube.  Normal  plate  current  of 
the  control  tube  without  discrimi- 
nator output  is  sufficient  to  energize 
LC  only,  in  which  condition  the  mo- 
tor will  not  run. 


The  discriminator  output  will  re- 
verse in  polarity  depending  on 
whether  the  oscillator  frequency  is 
above  or  below  the  discriminator 
frequency.  If  discriminator  output 
is  negative,  plate  current  in  the 
control  tube  will  decrease  and  LC 
will  drop  out,  causing  the  motor  to 
run  in  one  direction.  If  discrimina- 
tor output  is  positive,  plate  current 
in  the  control  tube  will  increase  and 
both  HC  and  LC  will  be  energized, 
causing  the  motor  to  run  in  the  op- 
posite direction.  Thus  the  oscillator 
frequency  is  maintained  equal  to 
the  discriminator  frequency. 

Figure  3 shows  the  next  step 
in  expanding  the  system,  and 


shows  how  the  plus  or  the  minus 
sign  for  the  discriminator  fre- 
quency is  chosen.  The  discrimi- 
nator, instead  of  being  fed  directly 
from  the  oscillator,  is  fed  from 
the  output  of  a frequency  con- 
verter. The  converter  mixes  the 
output  of  a crystal  oscillator,  and 
the  oscillator  to  be  controlled.  A 
low-pass  filter  in  the  converter  plate 
circuit  passes  the  difference  fre- 
quency. If  the  oscillator  frequency 
differs  from  the  crystal  frequency 
by  the  discriminator  frequency,  the 
motor  does  not  run.  The  oscillator 
frequency  may  be  either  greater  or 
less  than  the  crystal  frequency  to 
obtain  this  result.  But  only  one 
position  is  stable,  depending  upon 
the  motor  polarity.  For,  if  the  os- 


cillator frequency  is  the  smaller, 
then  an  increase  in  oscillator  fre- 
quency decreases  the  difference  be- 
tween oscillator  and  crystal  fre- 
quencies, while  if  the  oscillator 
frequency  is  the  greater  an  increase 
in  its  frequency  will  increase  the 
difference  between  oscillator  and 
crystal  frequencies.  Thus,  by  re- 
versing motor  polarity,  two  stable 
oscillator  frequencies  are  obtained 
for  each  crystal  used. 

In  tuning  a system  of  this  type, 
normal  procedure  is  to  start  the 
local  oscillator  tuning  from  one 
limit  of  the  frequency  band,  and  to 
allow  it  to  sweep  the  band.  As  its 
frequency  changes,  it  will  pass  a 


position  where  Eq,  1 will  be  satis- 
fied; here  the  servomotor  will  stop. 
If  for  any  reason  the  frequency  of 
the  local  oscillator  changes,  the 
motor  again  will  drive  to  retune  the 
local  oscillator. 

In  order  to  save  wear  and  tear 
on  the  motor,  it  has  been  found 
advantageous  to  control  frequency 
only  coarsely  by  the  motor  tuning, 
and  to  obtain  fine  frequency  control 
by  means  of  a reactance  tube  oper- 
ated by  the  output  from  the  dis- 
criminator. Whenever  the  range  of 
control  of  the  reactance  tube  is  ex- 
ceeded by  slow  frequency  drifts,  the 
motor  restores  mechanical  tuning 
to  the  center  of  the  range  of  control 
of  the  reactance  tube.  The  reactance 
tube  also  eliminates  frequency- 


FIG.  2 — ^Basic  control  circiiit  medntoins  variable  oscillator  at  center  frequency  of 
discriminator  by  relay-actuated  motor  tuning 
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modulation  of  the  local  oscillator 
due  to  vibration  or  to  other  causes, 
because,  being  completely  electrical, 
it  can  act  fast  enough  to  eliminate 
such  modulation. 

Number  of  Frequencies 

The  number  of  frequencies  which 
can  be  selected  for  control  is  equal 
to  the  number  of  combinations  of 
harmonics,  crystals,  and  discrim- 
inators which  can  be  obtained.  But 
for  any  combination  there  is  one, 
and  only  one,  stable  local  oscillator 
frequency.  If  H is  the  number  of 
harmonics  used,  X is  the  number  of 
crystals,  D is  the  number  of  dis- 
criminators and  N is  the  number  of 
control  frequencies  or  channels, 
then 

N = 2HXD  (2) 

The  factor  of  2 is  obtained  because 
of  the  z+z  sign  in  Eq.  1.  In  effect,  two 
control  frequencies  are  obtained 
from  each  discriminator,  because 
either  algebraic  sign  may,  by  choice 
of  servomotor  sense,  describe  a 
stable  control  frequency. 

With  this  system  of  control,  the 
most  convenient  design  results  if 
adjacent  channels  are  obtained  by 
means  of  adjacent  discriminators, 
while  using  the  same  harmonic  and 
crystal.  If  x is  the  channel  spacing, 
then  X is  also  the  discriminator 
frequency  spacing  designated  as 
A/d.  If  there  are  D discriminators. 


then  the  spacing  between  crystals 
A/,  is 

Afx  = DAfd  = Dx  (3) 

After  using  all  discriminators  once, 
the  next  higher  crystal  frequency 
is  selected,  and  the  discriminators 
are  used  again.  This  selection  is 
repeated  until  the  highest  fre- 
quency crystal  has  been  used, 
whereupon  discriminator  polarity 
is  reversed.  The  lowest  frequency 
crystal  then  is  re-employed  with  all 
of  the  discriminators,  but  this  time 
the  discriminators  are  used  in  the 
reverse  order  with  respect  to  fre- 
quency. The  same  thing  is  done  with 
the  remaining  crystals.  If,  then, 
there  are  X crystals,  the  spacing 
between  harmonics 

A/a  = = 2 X DAfd  = 2XDx  (4) 

The  spacing  between  harmonics  is, 
of  course,  the  frequency  of  the  first 
crystal  oscillator  in  Fig.  1. 

Choice  of  discriminator  frequen- 
cies is  not  arbitrary,  but  is  deter- 
mined uniquely  once  the  number  of 
crystals,  the  number  of  discrimina- 
tors, and  the  channel  spacing  is 
chosen.  This  situation  can  be  ex- 
plained by  Eq.  1 when  it  is  realized 
that  the  frequency  described  by  the 
wth  harmonic,  the  highest  fre- 
quency crystal,  and  the  lowest  fre- 
quency discriminator  (polarity  neg- 
ative) must  be  adjacent  to  the 
frequency  described  by  the  nth  har- 
monic, the  lowest  frequency  crystal, 
and  the  lowest  frequency  discrimi- 


nator (polarity  positive).  If  these 
frequencies  are  A and  A,  respec- 
tively then,  from  Eq.  1 


fl  — TIA/a  -}-  fx  max 

fd  min 

(5) 

and 

A “ WA/a  “f"  fx  min 

"I"  fd  min 

(6) 

Furthermore  A — A = » because 
these  frequencies  are  adjacent. 
Then,  subtracting  Eq.  5 from  Eq.  6 

A fl  ~ ^ ~ fx  min  fx  max  "f"  2/i  min 

(7) 

or 

f ^ fx  max  fx  min  /o\ 

Jdmin  — 2 W 

but 

fx  max  fx  min  ~ ^)Afx  (9) 

That  is  to  say,  the  difference  be- 
tween the  maximum  and  minimum 
crystal  frequencies  is  equal  to  the 
frequency  spacing  between  crystals, 
times  the  number  of  spaces  (the 
number  of  crystals  less  one).  But 
from  Eq.  3,  A/,  = Dx,  therefore  Eq. 
9 becomes 

x + (X  - 1)  Dx 
2 

= a;(l  + T)(X-  D) 

2 

Equation  10  means  that  discrim- 
inator frequencies  are  chosen 
uniquely  once  channel  spacing,  num- 
ber of  discriminators,  and  number 
of  reference  crystals  are  chosen. 

Choice  of  harmonic  and  crystal 
frequencies  is  determined,  to  some 
extent,  by  the  local  oscillator.  The 
lowest  oscillator  frequency  should 
be  above  the.  highest  crystal  fre- 
quency. The  lowest  crystal  fre- 
quency should  be  above  the  pass- 
band  of  the  first  amplifier  of  Fig.  1, 
and  the  highest  harmonic  frequency 
should  be  below  its  pass-band.  This 
arrangement  of  frequencies  elimi- 
nates the  possibility  of  spurious 
conversion  products  in  the  fre- 
quency monitoring  circuits.  With 
the  arrangement  shown  a 2-to-l  fre- 
quency coverage  ratio  is  the  max- 
imum possible.  However,  several 
other  arrangements  are  possible,  by 
means  of  which  the  coverage  can  be 
extended  to  4-to-l  or  8-to-l. 

The  usual  choice  of  the  number 
of  harmonics,  crystals,  and  discrim- 
inators is  that  which  leads  to  the 


FIG.  3 — ^Frequency  stabilization  is  obtained  by  beating  rariable  oscillator  against 
crystal  oscillator;  compare  with  Fig.  2 
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FIG.  4 — Discrimmotor  is  constructed  of  compensating  materials  to  insure  stability 


smallest  total  number  of  elements, 
and  is  accomplished  if  they  are  all 
equal  in  number.  If  this  number  is 
n,  then,  from  Eq.  2 

n = (Ar/2)u  (11) 

Equation  11  is  not  a necessary  con- 
dition, and  may  be  departed  from 
if,  by  such  departure,  other  and 
more  desirable  benefits  can  be  ob- 
tained; for  example,  direct  channel 
frequency  reading  from  a simple 
control  box. 

Frequency  Stability 

To  estimate  frequency  stability 
factors  it  is  necessary  to  inquire 
into  the  values  of  A,  /„  and  A over 
the  frequency  band.  From  Eq.  10 

Amin=  (X/2)(1  + Z)X-  Z»  (12) 

Then,  if  D >1 

A min  “ {x/2)DX  (13) 

From  Eq.  4 A = 2XDx;  therefore 

Amin  <A/*/4  (14) 

indicating  that  AA  must  be  consid- 
erably less  than  the  absolute  fre- 
quency /„  because  A is  only  a part 
of  A*  A min  must  then  be 

only  a very  small  part  of  A>  be- 
cause it  is  less  than  iAA,  as  shown 
in  Eq.  14.  Thus  very  large  per- 
centage errors  in  the  absolute 
value  of  A will  cause  only  very  small 
percentage  errors  in  /.. 

The  principal  frequency  error, 
therefore,  will  be  that  owing  to 
errors  in  A and  A.  These  frequen- 
cies are  crystal  controlled,  and  can 
be  held  to  =b0.005  percent  individ- 
ually by  means  of  temperature 
controlled  ovens.  The  resultant  fre- 
quency error  due  to  A and  A col- 
lectively will  also  be  ztO.005  per- 
cent because  these  frequencies  are 
of  the  same  algebraic  sign  in  Eq.  1. 

Considerable  research  into  the 
construction  of  fixed  frequency  dis- 
criminators has  revealed  a method 
of  construction  which  provides  fre- 
quency compensation  for  temper- 
ature changes  by  means  of  choice 
of  materials  having  the  proper  ther- 
mal coefficients  of  expansion  to  hold 
the  relative  positions  of  active  parts 
fixed  over  a very  wide  temperature 
range.  This  construction  avoids  the 


use  of  temperature  coefficient  capac- 
itors to  obtain  temperature  com- 
pensation ; by  it  and  because  of  the 
high  Q obtained,  only  d=0.2  percent 
of  the  discriminator  center  fre- 
quency need  be  allowed  for  center 
frequency  drift  plus  reactance  tube 
control.  This  error  will  be  not 
greater  than  ±0.002  percent  of  the 
local  oscillator  frequency.  The  re- 
actance tube  will  allow  ±2  percent 
of  the  band  covered  in  mechanical 
detuning  before  affecting  output 
frequency  by  more  than  the  allow- 
able deviation.  Figure  4 shows  the 
discriminator  construction. 

Under  the  worst  conditions,  us- 
ing ±0.005  percent  crystals  and  a 
±0.2  percent  discriminator,  a final 
frequency  stability  of  better  than 
±0.007  percent  can  be  obtained  by 
this  circuit  over  a very  wide  range 
of  frequencies. 

The  above  circuit  lends  itself 
quite  readily  to  remote  control  over 


a very  few  wires.  The  description 
of  a radio  frequency  channel  is  ac- 
complished by  the  selection  of  one 
harmonic,  one  crystal,  and  one  dis- 
criminator. This  effectively  breaks 
channel  selection  down  into  succes- 
sive steps,  each  step  being  finer 
than  the  one  preceding.  If  it  is  de- 
sired to  effect  a remote  choice  of 
ten  possibilities,  then  ten  leads  plus 
a remote  switch  can  be  used.  In  the 
case  at  hand,  if  there  were  four 
each  harmonics,  crystals,  and  dis- 
criminators, then  four  leads  for 
each  variable  plus  one  ground  lead, 
and  three  remote  four-position 
switches  will  suffice  for  the  control 
of  128  channels.  In  the  practical 
case  for  the  108  - 132  megacycle 
receiver,  7 harmonics,  10  crystals, 
and  2 discriminators  are  used.  The 
switches  in  this  case  , are  arranged 
coaxially  for  conservation  of  space 
and  ease  of  reading. 
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Airways  VHF  Communications  Receiver 

Double  superheterodyne  has  100-db  image  rejection  and  80-db  attenuation  of  spurious 
responses.  It  employs  series  and  shunt  noise  limiters,  a noise-balancing  circuit  that 
improves  series  limiter  about  8 db  under  conditions  of  CAA  specified  noise  test  and 
carrier-operated  squelch  relay  that  can  be  set  slightly  above  ambient  noise 


USE  OF  FREQUENCIES  from  108  tO 
136  megacycles  for  air-to- 
ground  communications  and  aero- 
nautical navigation  has  expanded 
rapidly  since  the  end  of  the  war. 

The  advantages  which  have  won 
vhf  wide  acceptance  in  the  aviation 
field  include  the  increased  number 
of  channels  available,  freedom  from 
atmospheric  noise  which  in  turn 
permits  the  use  of  simple  yet 
effective  receiver  carrier-operated 
squelch  circuits,  relatively  low 
transmitter  power  output  require- 
ments, and  the  use  of  small  airborne 
antennas  of  low  aerodynamic  drag 
and  relatively  constant  impedance 
over  the  frequency  range. 

To  implement  the  changeover 
from  medium  high  frequencies  to 
vhf  for  such  functions  as  Federal 
Airways  enroute  communications 
and  airport  trafSc  control  in  accord- 
ance with  the  recommendations  of 
the  Radio  Technical  Commission  for 
Aeronautics  (RTCA),  the  Civil 
Aeronautics  Administration  has  re- 
cently procured  a large  number  of 
single-channel  vhf  fixed-tuned 
ground  station  receivers  (CAA 
Type  RUQ)  specially  designed  and 
manufactured  to  its  specifications. 

The  equipment  specifications  re- 
fiect  the  wide  experience  of  CAA 
engineers  in  this  field;  in  addition 
to  the  usual  requirements'  regard- 
ing sensitivity,  selectivity,  fre- 
quency stability  and  rejection  of 
spurious  responses,  high  standards 
of  performance  with  respect  to 
cross-modulation,  desensitization 
due  to  strong  off-frequency  signals 
and  rejection  of  the  effects  of  pulse- 
type  interference  were  specified. 


By  ARTHUR  H.  WULFSBERG 

Circuits 

A block  diagram  of  the  receiver 
is  shown  in  Fig.  1.  The  double- 
conversion superheterodyne  circuit 
was  selected  in  preference  to  the 
single-conversion  type.  The  high 
first  intermediate  frequency  per- 
mits a high  degree  of  image  rejec- 
tion (approximately  100  db)  to  be 
obtained  with  a single-stage  r-f 
amplifier. 

Use  of  a relatively  low  second  in- 
termediate frequency  permits  ob- 
taining the  required  selectivity 
through  use  of  a two-stage  ampli- 
fier employing  only  three  double- 
tuned  transformers  and  also  con- 
tributes appreciably  to  the  overall 
frequency  stability  of  the  receiver. 

It  has  been  found  that  even  with 
very  careful  compensation  of  the 
last  i-f  circuits,  the  temperature 
drift  of  this  section  can  contribute 
as  much  to  the  overall  frequency 
drift  of  a high-stability  vhf  receiver 
as  do  variations  in  crystal  oscillator 


frequency.  The  use  of  a low  final 
intermediate  frequency  is  therefore 
advantageous. 

Although  double-conversion  sys- 
tems are  usually  regarded  as  being 
more  susceptible  to  spurious  re- 
sponse troubles  than  single-con- 
version circuits,  careful  selection  of 
crystal  and  intermediate  frequen- 
cies and  provision  of  adequate  selec- 
tivity in  the  r-f,  i-f  and  frequency- 
multiplier  circuits  has  resulted  in 
obtaining  better  than  80  decibels 
attenuation  of  all  spurious  re- 
sponses including  image  and  i-f 
responses. 

The  r-f  amplifier  stage  consists 
of  a single  pentode  operating  in 
conjunction  with  three  capacitor- 
tuned  circuits  employing  miniature 
air-dielectric  variable  capacitors. 
Removable  grooved  pins  are  in- 
serted in  holes  in  each  capacitor 
shaft  to  provide  dial  pointers  and 
rotation  stops. 

To  achieve  a high  degree  of  selec- 
tivity in  the  input  circuit  for  reduc- 


FIG.  1 — ^Arrangement  oi  stages  and  frequencies  ii.  the  vhl  fixed-tuned  receiver 
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tion  of  cross-modulation  and  desen- 
sitization effects,  this  circuit  is  op- 
erated with  relatively  loose  coupling 
both  to  the  single-turn  antenna 
coupling  link  and  to  the  grid  of  the 
r-f  amplifier  tube.  The  high  oper- 
ating Q of  the  input  tuned  circuit 
makes  it  possible  to  operate  several 
receivers  from  a common  antenna, 
the  input  coupling  links  of  the  re- 
ceivers being  operated  in  series 
using  connecting  cables  approxi- 
mately one-half  wavelength  long. 
Tests  made  with  several  multiple- 
receiver  systems  typical  of  control 
tower  installations  indicated  very 
little  loss  of  sensitivity  with  up  to 
five  receivers  being  operated  with 
frequency  separation  as  low  as  200 
kilocycles. 

The  first  frequency  conversion 
takes  place  in  a pentode  mixer  oper- 
ating with  grid  injection.  To  ob- 
tain optimum  conversion  gain  and 
noise  figure,  this  tube  is  operated 
at  relatively  low  plate  and  screen 
voltages,  approximately  60  and  30 
volts  respectively.  The  injection 
signal  is  obtained  from  a crystal 
oscillator-frequency  multiplier  sys- 
ten  consisting  of  an  oscillator-quad- 
rupler  and  a second  quadrupler. 

The  crystal  unit  is  a hermetically 
sealed  fundamental  mode  unit  of 
the  CR-18/U  style  operating  with- 
out temperature  control.  Crystal 
oscillator  frequency  is  held  to  0.005 
percent  over  the  range  —10  C to 
-f60  C.  Two  capacitor-tuned  cir- 
cuits are  employed  at  output  fre- 


quency to  provide  a high  degree  of 
rejection  to  signals  of  undesired 
crystal  harmonic  frequencies. 

The  output  of  the  first  mixer  cir- 
cuit is  coupled  to  a single-stage  first 
i-f  amplifier  employing  a pentode 
and  two  double-tuned  transformers 
operating  at  18.3  megacycles.  The 
second  frequency  conversion  takes 
place  in  an  oscillator-second  mixer 
circuit  which  uses  a double  triode. 
The  crystal  oscillator  circuit  oper- 
ates at  7.55  megacycles;  the  second 
harmonic  of  this  frequency  is  mixed 
with  the  18.3-megacycle  signal  to 
produce  the  3.2-mc  second  inter- 
mediate signal  which  is  amplified  in 
a two-stage  amplifier.  Three  double- 
tuned  transformers  operating  at 
slightly  less  than  critical  coupling 
provide  the  desired  selectivity  char- 
acteristics. A conventional  diode 
detector  circuit  is  used. 

To  achieve  a high  degree  of  re- 
jection of  impulse-type  noise  with 
regard  to  its  effects  on  receiver  de- 
sensitization and  squelch  operation 
as  well  as  audio  output,  the  special 
noise  limiter  circuit  shown  in  Fig.  2 
was  developed. 

Noise  Limiter 

In  addition  to  the  conventional 
series  diode  automatic  noise  limiter, 
a shunt  diode  limiter  is  employed 
to  reduce  the  effects  of  noise  im- 
pulses on  the  a VC  and  squelch  cir- 
cuits. This  diode  is  biased  to  about 
— 16  volts  and  presents  a low-im- 
pedance path  to  ground  to  any 


noise  impulses  exceeding  100  per- 
cent upward  modulation.  This  pre- 
vents the  application  to  the  avc 
detector  of  strong  impulses  which 
normally  desensitize  the  receiver 
by  generating  undesired  avc  volt- 
age. Since  the  avc  circuit  also 
controls  the  squelch  circuit,  unde- 
sired opening  of  the  squelch  in  the 
presence  of  noise  is  also  materially 
reduced. 

The  audio  noise  remaining  in  the 
output  of  the  series  diode  limiter  is 
reduced  further  by  coupling  a noise 
signal  of  opposite  polarity  in  series 
with  the  output  circuit  of  the 
limiter.  This  noise  signal  is  de- 
veloped in  an  infinite-impedance 
type  detector  which  is  biased  so 
that  signals  of  normal  modulation 
are  not  detected. 

The  noise  output  of  the  receiver 
is  approximately  20  decibels  below 
normal  output  at  30-percent  modu- 
lation when  tested  according  to  the 
CAA  specified  method.  The  method 
calls  for  the  application  of  10-micro- 
second  r-f  pulses  at  1,000  pulses  per 
second  with  amplitude  up  to  1.0 
volt  superimposed  on  a 100-micro- 
volt unmodulated  carrier.  The  use 
of  the  noise-balancing  circuit  re- 
sults in  an  improvement  of  about  8 
decibels  over  the  performance  of 
the  series  diode  limiter  alone  under 
conditions  of  this  test. 

Automatic  Gain  Control 

The  avc  detector-amplifier  circuit 
shown  in  Fig.  3 develops  a delayed 


FIG.  3 — AVC  detector  and  amplifier 


518 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


and  amplified  gain  control  voltage. 
In  this  circuit  one  diode  section 
operates  as  a detector  circuit,  the 
d-c  output  of  which  is  applied  to  the 
grid  of  the  triode  section  which 
operates  as  a cathode-loaded  voltage 
amplifier.  The  output  voltage  is 
coupled  to  the  avc  time  constant 
circuit  through  the  second  diode 
section. 

With  no  carrier  applied  to  the 
receiver,  about  50  volts  positive  ap- 
pears on  the  cathode;  this  voltage 
is  not  applied  to  the  avc  line  because 
of  the  unidirectional  characteristic 
of  the  output  diode.  When  a signal 
developing  approximately  8 volts 
audio  detector  bias  is  applied,  the 
conduction  of  the  triode  circuit  is 
cut  off  sufficiently  to  produce  a neg- 
ative cathode  voltage  which  appears 
on  the  avc  line  and  increases  with 
increasing  signal  level.  The  1,000- 
ohm  cathode  resistor  provides  d-c 
degeneration  which  improves  the 
stability  of  the  circuit  and  renders 
it  less  sensitive  to  variations  in 
tube  characteristics. 

An  amplified  d-c  control  voltage 
for  operation  of  the  carrier-oper- 
ated squelch  relay  tube  is  also  sup- 
plied by  this  circuit.  Since  this 


voltage  is  not  affected  by  the  avc 
time  constant  circuit,  virtually 
instantaneous  operation  of  the 
squelch  relay  is  obtained. 

Because  of  the  amplification  of 
the  control  signal,  the  squelch  cir- 
cuit completely  opens  or  closes  with 
less  than  20-percent  change  in  input 
signal.  This  permits  the  squelch- 
opening threshold  of  the  receiver, 
as  determined  by  the  setting  of  the 
r-f  gain  control,  to  be  set  only 
slightly  higher  than  the  ambient 
electrical  noise  level  of  the  receiver 
location.  In  addition  to  the  con- 
tacts required  for  audio  silencing, 
the  relay  is  provided  with  contacts 
for  operation  of  a panel  lamp  and 
external  apparatus. 

A-F  Stages 

The  audio  amplifier  circuits  are 
conventional  resistance-capacitance 
and  transformer-coupled  circuits. 
A low  pass  pi-section  filter  attenu- 
ates all  frequencies  above  the 
normal  communications  range. 

Two  audio  output  amplifiers  are 
provided;  one  has  low-level  output 
for  operation  with  600-ohm  tele- 
phone lines,  and  the  other  provides 
up  to  one  watt  for  operation  of 


loudspeaker  circuits. 

The  main  output  amplifier  is  pro- 
vided with  12-decibel  inverse  volt- 
age feedback  to  improve  output 
regulation.  Operation  of  up  to  five 
speakers  is  possible  with  negligible 
change  in  level  when  one  or  more 
speakers  are  sv^tched  in  or  out  of 
service.  All  power  input,  audio 
output  and  control  leads  are  filtered 
to  eliminate  possible  interference 
due  to  any  externally  applied  r-f 
signals. 

Approximately  2,000  type  RUQ 
receivers  are  now  being  placed  in 
service  in  control  towers  and  air- 
ways communications  stations  oper- 
ated by  the  Civil  Aeronautics  Ad- 
ministration. A typical  control 
tower  installation  includes  receivers 
operating  at  121.5  me  for  emer- 
gency, 121.9  me  for  airport  utility, 
122.5  me  for  private  aircraft  con- 
trol, and  at  one  frequency  in  the 
range  118.1  to  121.3  me  for  air  car- 
rier traffic  control.  Airways  com- 
munications stations  will  normally 
be  equipped  for  reception  on  121,5 
me,  122.1  me  and  126.7,  for  emer- 
gency, private  aircraft  enroute  and 
air  carrier  enroute  communications, 
respectively. 


Mixer  Harmonic  Chart 


Chart  speeds  identification  or  prediction  of  spurious  frequencies  resulting  from 
beating  of  various  harmonic  terms  in  mixer  output  when  one  input  frequency  is 
variable  as  in  wide-hand  signals  for  tv,  f-m  and  military  communication 


IN  MANY  APPLICATIONS  involv- 
ing the  mixing  of  two  fre- 
quencies to  produce  a third,  a 
major  difficulty  often  encount- 
ered is  the  generation  of  spuri- 
ous frequencies  by  beating  to- 
gether of  harmonics.  When  near 
coincidence  with  the  required 
terms,  these  spurious  frequen- 
cies cause  audible  modulation  of 
the  required  frequency  that  can- 
not be  removed  by  subsequent 
selective  circuits. 


By  THOMAS  T.  BROWN 

When  there  are  only  two  fixed 
frequencies,  it  is  fairly  simple  to 
write  down  all  the  combination 
terms  involved.  If  one  of  the 
input  frequencies  varies,  how- 
ever, a graphical  method  is  to  be 
preferred,  as  this  enables  the 
immediate  identification  or  pre- 
diction of  the  various  beats  and 
facilitates  the  choice  of  fre- 
quency ratios  free  from  modula- 
tion or  spurious  frequencies  ad- 
jacent to  the  wanted  terms. 


It  was  in  dealing  with  such  a 
problem  that  the  accompanying 
chart  was  devised.  It  is  based 
on  the  fact  that  the  expression 
for  the  value  of  any  combination 
frequency  is  F,  =z  mFo  ± nF^, 
where  m and  n are  the  orders  of 
the  harmonics  of  the  two  fre- 
quency sources  F,  and  F*  re- 
spectively, F,  being  the  higher 
of  the  two  frequencies. 

To  use  this  chart,  trace  up- 
ward from  the  ratio  FJF,  of  the 
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two  primary  frequencies  to  the 
heavy  difference  line  F,  — Fo  or 
the  heavy  sum  line  + Fo,  de- 
pending on  which  output  compo- 
nent is  being  used.  From  this 
intersection,  trace  up  and  down 


to  the  nearest  slant  lines;  from 
each  one,  trace  left  to  read  the 
Fo/F.  value  for  that  spurious 
combination  frequency.  Alterna- 
tively, the  spurious  frequencies 
can  be  figured  from  the  identi- 


fying notations  on  the  two  near- 
est lines.  Where  intersections 
of  two  slant  lines  are  nearest 
to  the  desired  intersection,  a 
beat  audio  modulation  equal 
to  the  frequency  difference 


Mixer  chart,  with  Fo  and  Fx  as  mixer  input  frequencies  (with  F*  the  higher)  and  F,  as  desired  output  frequency.  Lines 
intersected  when  tracing  straight  up  from  value  of  Fo/F»  represent  combination  frequencies,  values  of  which  can  be 
fotuid  either  from  labels  on  lines  or  from  scale  of  ordinates.  Only  intersections  near  desired  combination  (sum  or 
difference)  need  be  considered.  When  F,  is  fixed,  ordinate  scale  can  be  marked  fo  give  frequency  directly 
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will  be  produced. 

Some  problems  may  require 
the  use  of  an  expanded  region  of 
the  chart  showing  higher  com- 
bination terms.  This  may  read- 
ily be  constructed  to  any  scale 
without  plotting  the  whole  curve 
from  the  origin.  Assuming  that 
the  boundary  limits  of  the  re- 
quired region  are  F.JF,  for  the 
lower  frequency  limit  and  F.t/F^ 
for  the  upper  limit,  the  corres- 
ponding limits  on  the  abscissa  are 
F,t/F,  and  F„/F,.  Now 

F$  = tnFo  ± nFs  (1) 

Fo/F.  = [(JF,/F,)  =F  n]/m  (2) 

Substituting  the  four  known 
boundary  limits  in  Eq.  2 gives 
four  equations  involving  m and 
n.  Substituting  for  these  the 
harmonic  orders  of  the  combina- 
tion frequencies  which  it  is  de- 
sired to  plot,  two  points  are  ob- 
tained which  are  connected  by  a 
straight  line.  This  procedure  is 
repeated  for  the  main  sum  or 
difference  frequency  (m  = n 
= 1)  and  other  desired  pairs. 

A preliminary  scrutiny  of  the 
structure  of  the  general  chart 
will  be  found  helpful  in  quickly 
showing  what  order  of  combina- 
tion frequencies  are  likely  to  be 
encountered  in  the  particular 
region  concerned. 

Example  of  Use 

In  the  design  of  a repeater 


station  for  a vhf  relay,  it  is  com- 
mon practice  to  receive  the  trans- 
mission at  a given  frequency  and 
retransmit  at  a slightly  higher 
or  lower  frequency  to  reduce 
feedback  difficulties.  Rather  than 
convert  the  input  to  the  out- 
put frequency  directly,  it  is  con- 
venient to  convert  down  to  a 
lower  intermediate  frequency, 
which  may  then  be  amplified 
more  easily  and  reconverted  to 
the  output  frequency. 

Assume  an  input  frequency  F, 
of  250  me  with  a 3-mc  band- 
width, and  a required  output 
frequency  of  240  me.  A con- 
venient intermediate-frequency 
value  for  F,  would  be  in  the 
order  of  50  me.  The  problem  is 
to  choose  local  oscillator  frequen- 
cies that  will  avoid  radiation  of 
spurious  frequencies  and  mini- 
mize intermodulation  distortion. 

Trying  first  50  me  for  F„  the 
local  oscillator  value  F,  becomes 
200  me  and  F„/F,  for  this  is  0.8. 
Tracing  upward,  this  is  immedi- 
ately seen  to  be  a bad  choice,  be- 
cause the  desired  main  differ- 
ence frequency  line  F,  — F,  in- 
tersects both  the  4F.  — 3F,  and 
5F*  — 6F„  lines  at  this  point. 

By  inspection,  the  nearest  value 
of  F,/F,  that  it  is  in  a clear 
space  on  the  heavy  F,  — F,  line 
is  0.775,  which  corresponds  to  an 
i-f  value  of  about  55  me.  Trac- 


ing vertically  up  and  down  from 
the  intersection  of  the  0.775 
ordinate  with  the  F,  — F,  line, 
we  find  that  the  nearest  spurious 
frequencies  occur  at  F,/F,  = 0.33 
and  0.12.  Their  values  are 
quickly  figured  as  F,  = 0.33  x 
250  = 83.5  me  and  F,  = 0.12  x 
250  = 30  me.  If  the  bandwidth 
of  F,  is  3 me,  these  83.5-mc  and 
30-mc  beats  will  be  easily  filtered 
out  of  a 55-mc  i-f  system  by  the 
tuned  circuits. 

Now  converting  up  again,  let 
F,  be  55  me  and  let  F,  be  the 
desired  240-mc  output  fre- 
quency, so  that  F,  =:  240  — 55 
= 185  me,  the  frequency  re- 
quired of  the  second  local  oscil- 
lator to  get  a sum-frequency 
output.  Then  FJF,  is  0.298. 
Tracing  up  from  this  value  to 

the  sum  line  F,  + F„,  the  two 
nearest  spurious  frequencies  to 
this  intersection  are  at  F./F,  = 
1.4  and  1.2.  For  1.4,  the  output 
is  1.4  X 185  = 259  me  due  to 
the  combination  2F,  — 2F„.  For 
1.2,  we  have  both  4Fo  and  3F,  — 
6F,  giving  1.2  X 185  = 222  me. 
Since  the  bandwidth  is  3 me, 
adequate  selectivity  should  not 
be  difficult  to  provide  at  240  me 
to  discriminate  against  these 
259-mc  and  222-mc  spurious 
components. 


Television  Receiver  Signal-Noise  Evaluation 

By  D.  0.  NORTH 


The  object  op  this  paper  is  to  for- 
mulate the  relation  between  input 
picture  signal  strength  and  signal- 
noise  appearing  in  the  post-detector 
video  circuits.  The  transformation 
of  electrical  quantities  into  lumi- 
nance of  the  viewing  screen,  and  the 
relative  acceptability  of  television 
pictures  as  a function  of  noise  con- 
tent are  not  discussed. 

Pre-Detector  Considerations 
A receiver,  tested  with  a dummy 


antenna  at  standard  temperature 
To  yields  a noise  factor*  F.  This 
means  that  the  receiver,  when  used 
with  this  dummy  antenna,  can  be 
regarded  as  noise-free.  The  total 
noise  output  is  in  effect  considered 
to  originate  in  thermal  noise  of  the 
dummy  antenna,  whose  effective 
temperature  is  for  this  purpose 
taken  to  be  FTo,  as  shown  in  Fig. 
lA. 

If  the  voltage  gain  from  open  an- 


tenna terminals  to  the  input  ter- 
minals of  the  detector  be  taken  as 
G(f),  where  for  convenience  G is 
assumed  to  be  unity  for  frequencies 
lying  in  the  flat  portion  of  the  re- 
ceiver’s video  filter  (Fig.  IB),  the 
total  rms  noise  voltage  at  the  de- 
tector input  is 

= fCP  (/)  ^ = UFTo  RafCP  (f)  df 
or 

e„  = V ikF  To  Ra^f 


(1) 
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where  A/  = /G*  {f)df  — 4.0  me  by 
calculation  from  Fig.  IB. 

The  noise  voltage  will  still  be  this 
amount  when  a real  antenna  of 
the  same  impedance  replaces  the 
dummy,  provided  the  real  antenna 
looks  into  space  which  exhibits  a 
noise  temperature  T,.  Otherwise 
one  must  replace  F by 

where  is  the  noise  temperature  of 
space  and  L is  the  insertion  loss  of 
a line  connecting  the  real  antenna 
to  the  receiver  (1  <L  <oo). 

Suppose  an  existing  signal  field  is 
producing,  during  the  synchroniz- 
ing pulse,  an  rms  voltage  e*  at  the 
open  end  of  the  feed-line,  as  shown 
in  Fig.  1C.  If  the  receiver  is  prop- 
erly tuned  this  carrier  will  lie  half- 
way down  the  sloping  skirt  of  the 
filter,  as  shown  in  Fig.  IB.  Hence 
the  carrier  voltage  produced  at  the 
detector  input  will  be  6^/2. 

Post-Detector  Considerations 

Assuming  unity  voltage  gain 
from  input  to  output  of  a linear  de- 
tector, the  peak  detector  output  dur- 
ing synchronizing  pulse  and  in  the 
absence  of  noise  is  V2  e<,/2  = 
ec/V2.  The  standard  black-white 
modulation  occupies  60  percent  of 
the  spread  between  peak  of  synchro- 
nizing pulse  and  zero  level.  Hence, 
the  peak-to-peak  video  signal  is 
0.6  and  the  rms  video  noise  is 

AkF'T oRa^f . Now  let  S be  the 


FIG.  1 — Measurements  of  noise  factor  in 
television  receivers  require  the  use  of 
dummy  antennas  whose  impedance  dupli- 
cates that  seen  looking  into  the  open  end 
of  the  feedline  from  the  real  antenna 

ratio  of  peak-to-peak  video  signal  to 
rms  video  noise.  Then 

ec  = (3) 

0.6 

which  is  the  formulation  sought. 

Setting  k = 1.37  X 10'“  joule  per 
degree,  T,  = 290  degrees  Kelvin, 
A/  = 4 X 10*  sec"^  we  may  rewrite 
Eq.  3 as 

cc  M = 10 .5  5 VF'  (4a) 

or 

Ce  (dh  above  1 /uv)  = ^.4  <S  (db)  -f- 

F'(db)4-101og-^-  (4b) 

As  a numerical  illustration  of  Eq. 


4,  suppose  one  wants  S = 31.6  (30 
db).  If  F'  (power)  = 15.9  (12  db) 
and  Ra  = 300  ohms,  then  Bc  must  be 
1,328  |xv  (62.4  db  above  1 /iv),  and 
half  of  this  or  664  [i.v  must  appear 
on  the  input  terminals  of  the  re- 
ceiver if  it  happens  to  be  matched 
to  the  feeder. 

Conversion  of  e*  into  field 
strength  can  be  made  in  straight- 
forward fashion,  involving  line-loss, 
impedance  transformations  and  ef- 
fective length  of  the  antenna.  It 
should  particularly  be  noted  that 
Eq.  4 is  valid  whether  or  not  the  re- 
ceiver be  matched  to  the  antenna 
feedline ; it  is  important  that  meas- 
urements of  F on  the  bench  employ 
a dummy  antenna  whose  impedance, 
within  the  television  channel,  dupli- 
cates that  seen  looking  into  the  open 
end  of  the  feedline  from  the  real  an- 
tenna, because  F is  a function  of 
this  impedance,  though  usually  not 
a very  strong  one. 

The  field  intensity  expressed  in 
decibels  above  1 microvolt  per  meter 
is 

P — 14 . 8 -|-  (S  "t"  P'  L 

where  S is  the  ratio  of  peak-to-peak 
video  signal  to  the  rms  noise  in  db, 
F'  the  noise  factor  in  db,  L the 
transmission  line  loss  in  db,  G the 
gain  of  the  antenna  relative  to  half- 
wave dipole  in  db,  and-  / the  fre- 
quency in  megacycles. 

Reference 

(1)  Absolute  Sensitivity  of  Radio  Re- 
ceivers, RCA  Review,  p 332,  Jan.  1942. 


Selectivity  Calculations 


Equations,  nomograph  and  chart  relate  3-db  bandwidth  to  Q,  R,  L and  / for  single 
parallel-tuned  circuits,  show  effect  of  adding  single  or  double-tuned  circuits,  and  give 
bandwidth  of  up  to  ten  cascaded  circuits  at  attenuation  levels  up  to  100  db 


USE  of  the  accompanying 
nomograph  and  curves  al- 
lows rapid  solution  of  bandwidth 
and  selectivity  problems  involv- 
ing one  or  more  tuned  circuits 


By  HAROLD  J.  PEAKE 

such  as  those  employed  in  selec- 
tive amplifiers. 

The  material  given  relates  the 
following  quantities : the  number 
of  tuned  circuits,  the  half-power 


bandwidth  of  one  circuit  and 
the  overall  bandwidth  at  any 
attenuation  level.  Both  single- 
tuned  and  double-tuned  circuits 
are  considered.  For  the  case 
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FIG.  1 — Selectivity  nomograph,  showing  directly  the  effect  of  cascading  up  to  ten 
single  or  double-tuned  circuits 


of  double-tuned  circuits,  equal 
primary  and  secondary  Q’s  with 
critical  coupling  are  assumed ; in 
either  case,  all  circuits  are 
assumed  to  be  resonant  at  the 
same  frequency. 

In  a simple  parallel-tuned  cir- 
cuit like  that  shown  in  Fig.  1,  let 
R represent  the  losses  in  L and 
C combined  with  the  external 
loading  resistance.  Disregarding 
the  loss  in  C,  the  Q of  this  cir- 
cuit is 

Q = fo/Af-  (1) 

where  f„  is  resonant  frequency 
and  A/  is  3-db  bandwidth,  both 
in  the  same  units  of  frequency. 
For  example,  if  a tuned  circuit 
resonant  at  30  me  is  required  to 
have  a 500-kc  bandwidth,  then 
Q = 30/0.5  = 60  is  the  required 
Q of  the  inductor. 

If  it  is  desired  to  adjust  the 
bandwidth  by  resistance  loading, 

Q = R/2irfoL  (2) 

Here  R is  in  ohms,  /„  is  in  cycles 
per  second,  and  L is  in  henrys. 
For  example,  if  a 0.75-mc  band- 
width with  a center  frequency  of 
30  me  is  to  be  obtained  with  a 
1-microhenry  coil  of  Q = 60,  Eq. 
2 gives  the  shunt  resistance  due 
to  the  coil  loss  as  R^  = 2%  /„  LQi 
= 2%  X SO  X 10"  X lO-  X 60  = 
11,300  ohms.  From  Eq.  1,  the  final 
Q desired  is  Q = /„/A/  = 30/0.75 
= 40,  which  corresponds  to  a 
final  shunt  resistance  oi  R = 
QR,/Q,  = 40  X 11,300/60  = 
7,530  ohms.  Now,  there  remains 
to  determine  what  resistance  R^ 
paralleled  with  R,  = 11,300  ohms 
produces  a shunt  resistance  R = 
7,530  ohms.  This  is  calculated 
by  Ri  = RRi/(Rt  — R)  = 7,530 
X 11,300/(11,300  - 7,530)  = 
22,600  ohms,  the  required  load 
resistor  value. 

The  3-db  bandwidth  of  the 
tuned  circuit  is  also  calculable 
from 

Af  = 1/2tRC  (3) 

where,  if  R is  in  ohms  and  C is 
in  farads.  A/  is  in  cycles  per 
second.  In  the  preceding  ex- 
ample, fo  = 30  me  and  L = l/xh, 
requiring  that  C — 28  /xfif.  Then, 
since  R = 7,530  ohms,  Eq. 


3 gives  A / = 1/2  X 7,530  X 
28  X 10'"  = 0.75  me.  This  equa- 
tion is  very  useful  for  bandwidth 
calculation  when  the  external 
load  resistance  is  much  less  than 
the  shunt  resistance  determined 
by  the  coil  Q;  that  is,  when  the 
effect  of  the  latter  resistance  can 
be  disregarded. 


The  preceding  discussion  ap- 
plied only  to  single  circuits  of  the 
type  shown  in  Fig.  1.  The  nomo- 
graph has  been  prepared  to  facil- 
itate bandwidth  calculations  for 
amplifiers  having  several  such 
tuned  circuits,  all  individual  cir- 
cuits having  the  same  resonant 
frequency  and  bandwidth.  On 
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BANDWIDTH  AT  3-DB  ATTENUATION 


FIG.  2 — Chart  giving  bandwidth  at  any  attenuation  up  to  100  db  in  terms  of  that 
for  3 db  attenuation,  for  cascading  of  up  to  ten  single-tuned  circuits 


the  nomograph  a straight-edge 
intersecting  the  three  scales  con- 
nects corresponding  values  of 
number  of  circuits,  3-db  band- 
width of  one  circuit  and  3-db 
overall  bandwidth  of  the  com- 
bination. The  left-hand  scale  has 
two  sets  of  gradations,  one  for 
single-tuned  circuits  and  one  for 
double-tuned  circuits.  This  nomo- 
graph allows  determination  of 
any  one  of  the  three  quantities  if 
the  other  two  are  known  or 
assumed. 

Example  1.  Find  the  overall 
bandwidth  (at  the  3-db  response 
points)  of  four  single-tuned  cir- 
cuits, each  with  a 3-db  band- 
width of  1 me.  Connecting  4 on 
the  left-hand  markings  on  scale 
1 with  1 me  on  scale  2,  read  0.42 
me  on  scale  3. 

Example  2.  Find  the  band- 
width of  each  transformer  if 
five  are  to  be  used  to  obtain  a 
bandwidth  of  0.3  me.  Connect- 
ing 5 on  the  right-hand  markings 
on  scale  1 with  0.3  me  on  scale  3, 
read  0.34  me  on  scale  2. 

Example  3.  Find  the  number 
of  single-tuned  circuits  re- 
quired for  an  overall  bandwidth 
of  1 me  if  each  circuit  has  a 2-mc 
bandwidth.  Connecting  1 me  on 
scale  3 and  2 me  on  scale  2,  read 
approximately  three  circuits  on 
the  left-hand  side  of  scale  1. 

Other  Attenuotion  Levels 

To  determine  the  bandwidth  of 
cascaded  circuits  at  attenuation 


levels  other  than  3 db,  use  of 
Fig.  2 is  helpful.  Here  is  plotted 
the  ratio  of  the  bandwidth  at  any 
attenuation  on  the  vertical  scale 
to  the  bandwidth  at  the  3-db 
level ; the  number  of  single-tuned 
circuits  n is  the  parameter.  To 
determine  the  ratio  r for  double- 
tuned  circuits,  take  the  square 
root  of  r as  read  from  Fig.  2. 

For  example,  to  obtain  the 
80-db  bandwidth  of  five  single- 
tuned  cii’cuits,  read  r = 16.  If 
the  3-db  bandwidth  were  2 me, 
then  the  80-db  bandwidth  is 
2 X 16  = 32  me.  If  the  circuits 


were  transformers  instead  of 
single-tuned  circuits,  the  80-db 
bandwidth  would  be  2V16  = 8 
me. 

Since  the  values  of  r at  the 
6-db  points  cannot  be  accurately 
read  from  Fig.  2,  it  is  noted  here 
that  for  single-tuned  circuits  the 
6-db  bandwidth  is  equal  to  the 
3-db  bandwidth  multiplied  by 


where  n is  the  number  of  cir- 
cuits. For  double-tuned  circuits 
the  radical  becomes  a fourth  root 
instead  of  a square  root. 
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Panoramic  Sweep  Circuits 

Twelve  methods  of  obtaining  sweep  voltages  for  panoramic  receivers,  f-m  signal 
generators  and  r-f  spectrum  analyzers.  Two  methods  are  electronic,  one  is  electro- 
dynamic, and  the  others  involve  motor  drives  of  capacitors,  disks  or  potentiometers 

By  C.  B.  CLARK  AND  F.  J.  KAMPHOEFNER 


—I 


DOUBLE  SUPERHET — Most  widely  used  type  of  panorounic 
receiver.  Second  oscillator  is  frequency-modulated  by  re- 
actance tube.  Each  of  band  of  signals  entering  receiver  will 
beat  with  local  oscillator  and  pass  through  wide-band  i-f 
amplifier.  At  second  mixer,  each  signal  is  mixed  in  turn 
with  output  of  sweeping  oscillator,  to  form  series  of  signals 
which  pass  through  narrow-band  amplifier  and  eventually 
appear  as  vertical  deflection  on  c-r  tube.  Since  oscillator 
frequency  is  function  of  sweep  voltage,  signals  will  be 
positioned  across  base-line  according  to  their  original  fre- 


quency. No  moving  parts,  but  there  is  limit  to  sweep  bandwidth. 

As  with  other  panoramic  receivers  which  operate  on  receiver 
i-f.  this  scheme  is  useful  in  identifying  signal  images  cmd 
other  spurious  responses.  If  receiver  is  tuned  in  given  direc- 
tion (say  increasing  frequency),  all  true  responses  will  move 
across  the  screen  from  right  to  left.  Image  responses  will 
move  in  opposite  direction.  Harmonic  responses  (signals  beat- 
ing with  harmonics  of  receiver  local  oscillator)  may  be  iden- 
tified by  the  rate  at  which  trace  moves  across  screen  os 
receiver  is  tuned. 


VIBRATING  SWEEP  SYSTEM — Similar  to  that  in  dynamic  loudspeaker,  driving 
sweep  capacitor  whose  capacitance  change  is  proportional  to  displacement 
from  center  position.  Since  coil  displacement  is  proportional  to  voltage  across 
coil,  change  in  frequency  of  sweeping  oscillator  will  also  be  proportional  to 
voltage  across  coil.  Sine  wave  is  used  to  drive  coil,  resulting  in  sinusoidol 
Variation  of  frequency  with  time.  Spot  displacement  is  linear  with  frequency, 
since  sine  wave  is  also  used  for  sweep.  Since  there  are  two  responses  per 
cycle,  phase-shifting  network  is  lued  to  moke  the -two  traces  coincide  on  c-r 
screen.  One  advantage  of  this  type  of  circuit  is  that  amount  of  frequency 
swing  is  easily  adjustable. 


KLYSTRON  SUPERHET— Applying  saw- 
tooth voltage  in  series  with  klystron  re- 
flector-voltage supply  varies  local 
oscillator  frequency  at  sawtooth  fre- 
quency. Since  circuit  has  no  image  re- 
jection, center  frequency  of  narrow- 
band  i-f  amplifier  must  either  be  made 
so  low  that  the  two  responses  nearly 
coincide,  or  so  high  that  imoge  response 
is  rejected  by  mixer  or  antenna  circuits. 
Also,  there  is  no  way  of  identifying 
images  by  their  direction  of  motion  on 
c-r  tube  as  receiver  is  tuned,  which  con 
be  done  with  all  other  circuits  described. 
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MOTOR-DRIVEN  OSCILLATOR— Useful  in  leceiTeis  where 
band  to  be  swept  is  greater  than  that  obtainable  by  reactance 
tube  method.  Frequency  modulation  of  oscillator  is  accom- 
plished by  motor-driven  capacitor.  Sweep  voltage  is  obtained 
by  coupling  frequency  discriminator  to  oscillator.  Oscillator 
output  must  be  constant  over  frequency  range,  as  discriminator 
is  sensitive  to  amplitude  as  well  as  frequency  changes.  A 
ratio  detector  circuit  can  be  used,  although  this  refinement  is 
not  usually  necessary. 


TANK  CIRCUIT  OF 
SWEEPING  OSCIL- 
LATOR 140-160  MC 
/ 


U3W-FRB3UENCYi  \LINE 


15  *4^)1  ( 


RG-58/U 

CABLE 


Q=k 


lOpjjpF; 


IOO>j>jFit 


I.5-4;j;4F 


HIGH-FREQUENCY^X  LINE 


OUTPUT  TO 
HORIZONTAL 
SWEEP 
AMPUFIER 


: 4,700 


>4.700 


Example  1 — Use  with  microwave  receiver  having  20t)-mc  i-f 
amplifier  with  bandwidth  of  20  me.  To  minimize  spurious  re- 
sponses caused  by  harmonics  generated  in  mixer,  50-mc  value 
is  chosen  for  narrow-bond  amplifier  and  range  of  140  to  160 
me  for  sweeping  oscillator. 

Discriminator  has  two  resonant  circuits  coupled  to  oscillator, 
each  having  seporate  detector.  One  circuit  resonotes  just 
obove  highest  frequency  of  oscillator,  ond  other  is  Just  below 
lowest  oscillator  frequency.  At  center  frequency,  diode  out- 
puts concel;  at  other  frequencies  they  combine  to  give  direct 
voltage  which  varies  linearly  with  frequency. 


Example  2 — Useful  at  frequencies  where  it  is  difficult  to  main- 
tain simple  lumped-constant  circuits.  Output  of  resonant-line 
discriminator  is  balanced  with  respect  to  ground,  permitting 
grounding  outer  conductors  of  both  coaxial  lines.  No  phase- 
inverter  stage  is  needed  to  push-pull  amplifier  for  c-r  tube. 
Output  of  discriminator  is  about  0.5  volt  per  me.  With  dis- 
criminator-type sweeps,  oscillator  frequency  con  be  varied 
in  any  convenient  way,  without  following  any  definite  law 
of  frequency  vs  time. 


VARIABLE- 

FREQUENCY 

RECEIVER 


VERTICAL 

AMPLIFIER 

LONG-PERSISTENCE 

CATHOOE-RAYTUBE 


MOTOR-DRIVEN  POTENTIOMETER — Used  where  low  sweep  frequency  is  allow- 
able. Sweep  voltage  is  obtained  by  coupling  a potentiometer  (which  may  be 
horizontal  centering  control)  to  motor  drive.  Received  signols  will  remain  visible 
5 to  10  seconds,  so  motor  drive  must  tune  receiver  through  entire  frequency 
band  in  less  than  10  seconds.  If  there  is  no  backlash  in  mechanical  system, 
signals  received  on  return  sweep  will  coincide  to  form  single  trace.  Especially 
useful  where  wide  frequency  band  must  be  covered  and  receiver  must  have 
high  sensitivity. 


TRIGGERED 

SAW-TOOTH 

OSCILLATOR 


TO  HORIZONTAL 

SWEEP 

AMPLIFIER 


PHOTOTUBE-TRIGGERED  SWEEP — ^May  be  used  if  sweep  rate  of  local  oscil- 
lator does  not  vary  widely.  Hole  in  motor-driven  disk  should  be  shaped  to 
give  as  sharp  a light  pulse  as  possible,  to  avoid  jitter  in  horizontal  sweep 
voltage.  Does  not  require  close  tolerances  between  disk  and  phototube. 


TO  HORIZONTAL 
SWEEP 
AMPLIFIER 


MAGNETICALLY  TRIGGERED  SWEEP — Trigger  pulse  is  generated  by  magnetic 
pickup  coil.  By  careful  design  of  magnetic  circuit,  enough  voltage  can  be 
developed  to  trigger  sweep  oscillator  directly.  Mechanical  tolerances  must  be 
close  if  device  is  to  generate  stable  sweep  voltage. 


DETECTOR-TRIGGERED  SWEEP  — Part 
of  output  from  sweeping  local  oscil- 
lator is  fed  to  detector  that  is  tuned  to 
minimum  frequency  of  oscillator.  Output 
voltage  pulse  is  thus  generated  each 
time  sweeping  oscillator  frequency 
equals  that  to  which  detector  is  tuned, 
at  end  of  oscillator  range.  This  pulse  is 
used  to  trigger  sweep  oscillator. 

As  with  other  triggered  sweeps,  sweep 
speed  must  be  maintained  reasonably 
constant.  If  speed  changes  greatly, 
saw-tooth  oscillotor  may  trigger  at 
slightly  different  phase,  causing  jit- 
ter in  horizontal  trace.  Also,  if  sweep 
speed  is  low,  sweep  becomes  nonlineor, 
affecting  frequency  calibration  of  c-r 
tube. 
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MOTOR-DRIVEN  COMMUTATOR— Sim-  ■ 
pie  and  quite  practical  ii  sweep  speed  ■ 
is  not  high.  Capacitor  C charges  through  ■ 
R while  brushes  ore  running  on  insul-  ■ 
oted  section  of  commutator.  When  con-  | 
ducting  segments  come  under  brushes.  ■ 
C discharges  through  commutator,  giv-  S 
ing  saw-tooth  sweep  voltage  across  C.  S 
Sweep  voltage  can  be  made  lorge  S 
enough  to  opply  to  c-r  tube  plates  di-  ■ 
rectly  without  ompliiication.  ■ 


PHOTOELECTRIC  SWEEP  GENERATOR 
— Amount  of  light  reaching  phototube 
Is  determined  by  size  of  opening  in 
rotating  disk.  By  properly  shaping  open- 
ing, desired  saw-tooth  output  can  be 
obtained.  Since  no  RC  circuits  are  in- 
volved. sweep  is  practlcolly  independ- 
ent of  sweep  rate.  Main  objection  to 
this  type  of  circuit  Is  thot  exciter  lump 
supply  must  be  reguloted. 


CLIPPED-WAVE  SWEEP  GENERATOR 
— Motor-driven  capacitor  Ct  modulates 
d-c  supply  at  sweep  frequency.  Ampli- 
fier output  is  clipped  to  form  square 
wave  and  Integrated  by  RC  circuit  to 
form  a back-to-back  saw-tooth  wove. 
Resistor  R should  be  mode  lorger  than 
reactance  of  C ot  sweep  frequency. 
Must  be  operated  ot  constant  speed,  as 
output  voltage  is  proportionol  to  sweep 
frequency. 


SWEEPING  I-F  AMPLIFIER— Used  suc- 
cessfully in  receiver  hoving  i-f  of  30  me 
and  a 10-mc  bandwidth.  Output  of  wide- 
band i-f  amplifier  is  fed  to  narrow- 
bond  i-f  amplifier,  frequency  of  which 
is  determined  by  motor-driven  copacitor. 
Resonant  irequency  of  narrow-band  am- 
plifier is  varied  from  25  to  35  me.  ond 
its  output  is  rectified  ond  opplied  to 
verticol  plotes  of  c-r  tube.  As  copocitor 
sweeps  across  range,  output  of  this 
stage  varies,  reaching  maximum  os 
resonant  frequency  coincides  with  input 
signal  frequency. 

Horizontal  sweep  is  generated  by  using 
rotating  capacitor  to  amplitude-modulote 
voltage  from  400-kc  sine-wove  oscillotor. 
Resulting  voltage  is  demodulated  in 
sweep  detector,  as  indicoted  in  block 
diogram,  giving  required  saw-tooth 
sweep.  Actually,  only  o single  motor- 
driven  copocitor  is  required  for  sweep- 
ing norrow-band  omplifier  ond  generat- 
ing sweep  voltage,  os  shown  in  sche- 
matic diagrom. 

Blanking  of  c-r  tube  is  not  required 
since  sweep  voltoge  has  scone  volue 
for  given  position  of  capodtor  regard- 
less of  whether  frequency  of  narrow  i-i 
stage  is  increasing  or  decreosing.  The 
sweep  rate  con  be  mode  very  low  or 
even  zero  ond  presentation  will  still  be 
correct,  providing  d-c  deflection  ampU- 
fiers  are  used. 

Resolution  of  1 me  can  be  obtained 
with  10-mc  sweep  width  described, 
using  ordinory  lumped-constemt  circuit 
elements.  Better  resolution  con  be  ob- 
tained by  using  cooxiol  line  circuits, 
although  these  ore  bulky  unless  inter- 
mediote  frequency  is  considerably 
higher  them  30  me. 
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Drift-Cancellation  Circuit 

By  FREDERICK  A.  SCHANER 


In  the  development  of  cemmuni- 
cation  receivers  in  the  frequency 
range  of  0.5  me  to  56  me,  especially 
those  for  the  Armed  Services,  there 
are  generally  three  common  re- 
quirements : Extremely  high  image 
and  spurious  response  rejection  ra- 
tios across  the  entire  tuning  range, 
a high  order  of  oscillator  stability, 
and  symmetry  of  the  skirts  of  the 
i-f  pass  band  around  the  center  fre- 
quency in  the  order  of  2 percent. 
The  first  requirement  can  be  most 
readily  dealt  with  through  the  ap- 
plication of  the  principle  of  double 
conversion  throughout  the  fre- 
quency range  above  8 me. 

In  the  case  of  oscillator  stability, 
it  is  possible  to  develop  a local  os- 
cillator with  excellent  frequency 
stability  through  the  use  of  the  so- 


called  Clapp  oscillator  circuit.  Fre- 
quency multipliers  may  be  used  in 
cases  of  high  tuning  ratio  per  band 
where  the  Clapp  oscillator  itself  is 
unsatisfactory. 

Considering  the  difficulties  in 
maintaining  almost  perfect  sym- 
metry of  the  i-f  pass  band  skirts 
around  the  center  frequency,  the 
first  step  is  to  maintain  a fixed  cen- 
ter frequency.  The  problem  of 
asymmetry  becomes  greater  as  the 
bandwidth  of  the  pass  band  de- 
creases and  is  most  acute  in  the 
cases  where  crystal  filters  are  em- 
ployed to  set  up  the  pass  band.  In 
the  hypothetical  case  of  a 455-kc  i-f 
crystal  filter  with  a bandwidth  100 
cycles  wide  at  the  6-db  points,  a 
shift  in  center  frequency  of  a few 
cycles  ahead  of  the  crystal  filter  will 


result  in  an  asymmetrical  selectiv- 
ity curve  at  the  output  of  the  filter. 
Another  important  step  in  the  solu- 
tion of  this  problem  is  to  eliminate 
regeneration  in  the  entire  i-f  sys- 
tem so  that  any  change  in  coupling 
in  the  case  of  a variable  bandwidth 
i-f  system  will  not  affect  the  center 
frequency. 

Figure  1 shows  a block  diagram 
of  the  drift  cancellation  circuit. 
This  circuit  employs  triple  conver- 
sion and  hence  solves  the  image  re- 
jection problem. 

Constant-Frequency  Output 

The  figures  superimposed  on  the 
connections  between  the  various 
blocks  of  the  diagram  show  a simple 
arithmetical  analysis  of  the  prin- 
ciple of  drift  cancellation.  These 
figures  represent  a case  where  the 
r-f  system  of  the  receiver  is  con- 
nected to  a primary  standard  ad- 
justed to  18  me.  The  local  oscillator 
is  assumed  to  be  operating  4 me 
above  the  r-f  and  has  drifted  87 
cycles.  This  signal  is  fed  into  the 
broad-band  i-f  amplifier  and  also 
into  the  second  mixer.  A signal 
generated  by  the  455-kc  crystal  os- 
cillator which  employs  a crystal  of 
the  CR-26/U  type  is  also  fed  into 
the  second  mixer. 

The  output  of  the  second  mixer, 
which  is  now  3,545,087  cycles,  is  fed 
into  a narrow-band  amplifier.  The 
output  of  the  i-f  amplifier,  4,000,087 
cycles,  and  the  output  of  the  nar- 
row-band amplifier,  3,545,087  cycles, 
are  fed  into  the  third  mixer  with  a 
resultant  output  of  455,000  cycles. 
Thus  each  cycle  of  local  oscillator 
drift  results  in  a change  of  one  cycle 
in  the  frequency  of  the  signal  pass- 
ing through  each  of  the  two  ampli- 
fiers feeding  the  third  mixer  and 
the  difference  remains  at  455-kc. 

The  output  of  the  third  mixer  feeds 
the  regular  455-kc  amplifier. 

The  crystal  of  the  reference  os- 
cillator is  capable  of  maintaining 
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fig.  1 — ^Anangement  of  mixers  ond  oscillators  to  provide  triple  conversion 


FIG.  2 — Complete  circuit  forms  a unit  that  may  be  added  to  a conventional  com- 
munication receiver 
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an  accuracy  of  0.0002  percent  per  cancellation  circuit  eliminates  the  vides  an  accurate  i-f  center  f re- 
megacycle or  slightly  less  than  one  effect  of  local  oscillator  drift  on  the  quency.  A diagram  of  the  complete 
cycle  in  455  kc.  Hence  the  drift  intermediate  frequency  and  pro-  circuit  is  shown  in  Fig.  2. 

Heterodyne  Eliminator 

Beat-note  interference  is  attenuated  by  means  of  a frequency  converter  which  inverts 
the  numerical  order  of  all  frequencies  either  side  of  a desired  carrier  and  places  the  off- 
frequency  interference  on  the  cut-off  side  of  an  asymmetrical  filter 


Over-crowding  of  the  radio-fre- 
quency spectrum  has  led  to 
the  development  of  a number  of 
signal-separating  devices  for  use  in 
conjunction  with  standard  com- 
munications receivers. 

The  unit  described  in  this  article 
is  capable  of  high  attenuation  of 
interference  close  in  frequency  to 
that  of  a c-w  or  modulated  carrier, 
with  no  loss  in  transmitted  intelli- 
gence. The  system  has  been  em- 
ployed extensively  in  radio  intelli- 
gence work  where  standard  com- 
munication receiver  selectivity 
proved  to  be  inadequate. 

Principle  of  Operation 

This  particular  type  of  hetero- 
dyne eliminator  is  known  as  an 
asymmetrical  off-frequency  inverter, 
and  is  suitable  for  both  phone  and 
c-w  reception.  The  circuit  diagram, 
excluding  power  supply  and  audio 
amplifier,  which  are  conventional, 
is  shown  in  Fig.  1. 

The  unit  is  suitable  for  use  with 
a communications  receiver  having 
an  i-f  of  approximately  455  kc.  No 
receiver  realignment  or  circuit 
changes  are  required.  The  inverter 
is  connected  to  the  receiver  by  a 
small  coaxial  cable,  the'  end  of 
which  has  an  insulated  loop.  This 
loop  is  placed  over  the  plate  pin  of 
the  first  i-f  amplifier  tube  and  the 
tube  replaced  in  its  socket. 

The  block  diagram.  Fig.  2,  illus- 
trates the  functions  of  the  elements 
employed.  The  front  end  of  the 
system  is  the  off -frequency  inverter 
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(mixer),  which  consists  of  two 
crystal-controlled  oscillators  either 
of  which  will  convert  the  desired 
carrier  to  a frequency  of  50  kc. 

When  the  oscillator  lower  in  fre- 
quency than  the  desired  carrier  is 
employed  the  numerical  order  of 
all  off-frequencies  will  remain  un- 
changed. However,  when  the  oscil- 
lator higher  in  frequency  is  substi- 
tuted the  numerical  order  of  the 
converted  off-frequencies  will  be 
inverted.  Should  the  desired  car- 
rier be  off  the  center  frequency  a 
positive  amount  in  the  first  case, 
this  error  will  appear  negative  in 
frequency  by  the  same  amount  in 
the  second  case.  This  holds  true 
for  all  frequencies  off  the  symmet- 
rical center  frequency  of  the 
system. 

Filter  Design 

An  asymmetrical  high-pass  filter 
is  connected  to  the  output  of  the 
off-frequency  inverter.  When  an 
undesired  carrier  is  present  in  the 
high-pass  side  of  the  filter,  it  can 
be  frequency  shifted  to  the  cut- 
off side  by  switching  oscillators, 
whether  or  not  it  originally  was 
above  or  below  the  ddsired  carrier 
frequency.  In  the  case  of  a phone 
signal,  one  side  of  this  asymmetrical 
filter’s  selectivity  is  suitable  for 
attenuation  of  off-frequencies  close 
enough  to  produce  beat-notes  and 
yet  broad  enough  on  the  other  side 
to  permit  the  passing  of  speech  fre- 
quencies without  attenuation.  This 
passband  can  of  course  be  extended 


to  permit  high-fidelity  reception. 

Toroidal  coils  make  possible  the 
design  of  a compact  high-pass  filter 
with  attenuation  characteristics 
suitable  for  this  service.  The  unit 
used  is  sealed  in  a 2i  x 2i  x 4- 
inch  case.  The  desired  high-pass 
attenuation  characteristic  is  sup- 
plied by  two  medium-Q  50-kc  trans- 
formers. They  also  supply  suf- 
ficirat  attenuation  to  reduce  the 
return  peaks  on  the  cutoff  side  of 
the  fixed  high-pass  filter. 

The  high  attenuation  in  the  cut- 
off side  of  the  asymmetrical  filter 
also  supplies  the  selectivity  needed 
for  elimination  of  the  audio-fre- 
quency image  inherent  in  hetero- 
dyne c-w  reception.  The  overall 
frequency  response  curve  of  this 
filter  is  shown  in  Fig.  3.  The  beat- 
frequency  oscillator  is  preset  at  49 
kc  to  produce  with  the  desired  sig- 
nal an  audible  beat-note  of  1,000 
cycles.  The  audio-frequency  image 
will  therefore  result  from  a signal 
of  48  kc.  It  will  not  be  heard,  since 
this  frequency  is  down  more  than 
100  db. 

The  actual  value  of  attenuation 
of  the  heterodyne  beat-note  will 
depend  on  the  rectifying  action  of 
the  detector.  This  action  will  be 
influenced  by  the  relative  strength 
of  the  two  signals  appearing  at  the 
detector’s  input.  Under  normal  re- 
ceiving conditions,  rectifying  ac- 
tion of  the  detector  with  regard  to 
the  desired  signal  will  be  linear. 
However,  in  the  case  of  the  audio- 
frequency image  the  high  attenua- 
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FIG.  1 — Schematic  diagram  oi  off-frequency  inrerter.  Crystals  Xj  and  X,  operate  50  kc  above  ond  below  the  i-f  frequency 


tion  of  the  filter  will  weaken  this 
signal’s  energy  to  a point  where  the 
detector’s  action  becomes  square 
law.  These  factors  must  be  consid- 
ered in  evaluating  the  attenuation 
of  beat-note  interference  both  in 
c-w  and  phone  reception. 

To  achieve  the  selectivity  re- 
quired for  c-w  reception,  a sharply 
peaked  audio  filter  after  detection 
is  more  practical  and  economical 
than  attempting  to  obtain  this  se- 
lectivity in  the  50-kc  filter.  If  this 
filter  is  made  asymmetrical,  signal 


frequencies  can  be  inverted  here  as 
in  the  first  filter  by  switching  the 
off-frequency  inverter  oscillators  in 
the  front  end  of  the  system.  Figure 
4 shows  the  response  curve  of  a 
commercial  1,000-cycle  filter  suit- 
able for  this  use.  It  has  an  attenu- 
ation of  approximately  40  db  per 
octave,  which  makes  its  asymmetri- 
cal frequency  characteristics  2-to-l 
in  db.  In  other  words,  an  interfer- 
ing signal  200  cycles  above  the  fre- 
quency of  the  desired  one  will  pro- 
duce a beat-note  of  1,200  cycles  in 


one  off-frequency  switch  position 
with  an  attenuation  of  10  db.  In 
the  opposite  switch  position  the 
beat-note  is  changed  to  800  cycles 
and  an  attenuation  of  approxi- 
mately 20  db  is  achieved.  This 
2-to-l  asymmetrical  filter  gives 
high  selectivity  with  good  economy. 

It  is  well  known  that  extremely 
selective  circuits  have  a tendency 
to  ring  on  c-w  signals,  which 
destroys  their  usefulness.  An 
asymmetrical  filter,  however,  will 
provide  considerably  more  useful 
selectivity  before  this  ringing  state 
is  reached. 

Tuning  Technique 

The  tuning  of  a c-w  signal  on 
an  asjnnmetrical  off-frequency  in- 
verter receiver  is  simpler  and 
faster  than  im  a conventional  type. 

The  asymmetrical  off-frequency 
inverter  eliminates  the  need  for  two 
variable  c-w  controls  found  essen- 
tial in  communications  receivers 
for  elimination  of  the  audio-fre- 
quency image  and  off-frequency  in- 
terference. (The  variable  BFO  and 
the  crystal  filter  phasing  control). 
The  phasing  control  provides  a 
form  of  asymmetrical  response. 
Because  the  standard  communica- 
tions receiver  lacks  the  ability  to 
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invert  off-frequencies,  it  is  neces- 
sary in  the  presence  of  interference 
in  the  broader  side  of  the  crystal 
filter,  to  move  the  phasing  control 


FIG.  3 — ^Frequency  response  cunre,  show- 
ing attenuation  of  off-frequencies 


to  this  side  for  attenuation.  These 
variable  adjustments  are  superflu- 
ous in  the  asymmetrical  off-fre- 
quency inverter  system. 

The  usefulness  of  the  system  for 
phone  reception  in  the  presence  of 
interference  is  obvious.  However, 
to  be  practical  a sound  tuning  tech- 
nique for  location  of  the  desired 
phone  signal’s  carrier  in  the  correct 
position  of  the  asymmetrical  filter 
has  to  be  employed.  In  sortie  earlier 
models,  suitable  for  high-fidelity 
reception,  a tuning  indicator  con- 
nected to  a sharply  peaked  50-kc 
carrier  amplifier  was  employed. 


Another  scheme  which  suggested 
itself  was  the  use  of  a locked-in 
oscillator  to  supply  an  exalted  car- 
rier. Such  devices  are  commonly 
employed  in  single-sideband  com- 
munication, where  channel  separa- 
tion is  sufficient  to  preclude  hetero- 
dyne interference.  However,  in 
the  type  of  work  we  are  more  inter- 
ested in,  where  communication  is 
always  imperiled  by  off-frequency 
interference,  the  exalted-carrier 
system  proved  impractical.  Too 
often  the  close-in  off-frequency  in- 
terference takes  control  of  the 
locked-in  oscillator,  destroying  its 
usefulness. 

The  tuning  of  a desired  phone 
signal  in  present  models  is  by  aural 
means.  When  no  interference  is 
present  the  desired  signal  is  tuned 
to  maximum  response  and  intelligi- 
bility as  in  normal  receiver  prac- 
tice. This  is  made  possible  by 
peaking  the  nose  of  the  response 
curve.  By  rocking  the  tuning  con- 
trol slightly  the  operator  can  sense 
the  cut-off  side  of  the  filter  by  the 
rapid  attenuation  feel  of  this  side, 
compared  to  the  other.  The  correct 
location  of  the  carrier  (50  kc)  will 
of  course  be  toward  this  cut-off 
side,  slightly  below  peak  response. 
A good  operator  will,  with  practice, 
be  able  to  hit  this  point  with  high 
accuracy.  However,  a tuning  error 
of  plus  or  minus  500  cycles  is  per- 
missible. 

High-Precision  Tuning 

A test  position  is  provided  on  the 
off-frequency  inverter  switch  for 
high-precision  tuning  of  the  desired 
carrier  when  necessary.  In  this 
position  both  oscillators  are  em- 
ployed, which  will  produce  two  sig- 
nals moving  in  opposite  directions 
as  the  receiver  is  tuned.  The  dif- 
ference between  the  two  signals 
will  be  heard  as  a beat-note,  and  the 
correct  carrier  position  will  be  in- 
dicated at  zero-beat. 

The  tuning  technique  in  the  pres- 
ence of  a heterodyning  beat-note  is 
quite  simple.  With  the  off-fre- 
quency  inverter  switch  in  one  posi- 


tion and  the  receiver  tuned  to  maxi- 
mum beat-note  interference,  the 
opposite  switch  position  will  remove 
the  heterodyne.  Since  the  side  the 
interference  was  originally  on,  with 
respect  to  the  carrier,  may  be  in 
doubt,  this  procedure  should  be  fol- 
lowed in  both  switch  positions. 
When  the  correct  switch  position 
for  greatest  attenuation  is  found, 
a slight  detuning  will  give  further 
attenuation,  particularly  if  the 
beat-note  interference  is  low  in 
frequency. 
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Figure  3 shows  the  increase  in 
attenuation  to  low  frequencies  a 
slight  detuning  of  the  desired  car- 
rier towards  the  cut-off  side 
achieves.  The  left  hand  edge  of 
the  solid  line  at  50  kc  indicates  a 
frequency  shift  of  the  carrier  of 
approximately  300  cycles.  At  this 
point  the  carrier  will  be  down  5 db. 
The  bottom  of  the  curve  illustrates 
the  increase  in  attenuation  this 
small  frequency  shift  gives  a signal 
1 kc  removed  from  the  desired  car- 
rier. Thirty-db  greater  attenua- 
tion has  been  realized.  Frequencies 
closer  to  the  carrier  than  1 kc  will 
receive  proportionate  improvement 
in  attenuation.  Frequencies  below 
the  voice  range  cam  be  satisfactor- 
ily attenuated  in  the  a-f  amplifier. 
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Remote  Control  for  Radio  Tuning 

By  S.  WALD 


A noticeable  trend  in  architecture 
and  planning  for  modern  homes  is 
the  increased  use  of  built-in  broad- 
cast receivers.  Their  popularity 
has  encouraged  the  author  to  in- 
vestigate the  possibilities  of  remote 
tuning  devices  and  their  applica- 
tion to  standard  broadcast  receiv- 
ers, The  unit  discussed  in  subse- 
quent text  and  illustrated  in  the 
accompanying  diagrams  has  been 
found  to  be  highly  effective,  pro- 
viding for'  both  push-button  and 
continuous  remote  tuning. 

The  schematic  of  the  system  is 
shown  in  Fig.  1.  Alternating  plate 
and  grid  voltages  are  applied  to  two 
miniature  thyratrons  in  a push- 
pull  circuit.  The  voltage  between 
grid  and  cathode  of  each  tube  lags 
the  corresponding  plate  voltage  by 
approximately  115  degrees.  Thus, 
each  tube  fires  during  a little  less 
than  one-half  of  the  positive  plate 
voltage  excursion. 

The  induction  motor  working 
windings  causes  increased  heating, 
it  is  nevertheless  beneficial.  The 
superposition  of  a continuous  cur- 
rent converts  the  shape  of  the  in- 
duction motor  speed-torque  curves 
so  that  the  rotor  speed  is  easily  con- 
trollable by  the  stator  voltage,  and 
it  provides  a damping  or  anti-hunt 
torque  proportional  to  the  angular 
velocity  of  the  rotor,  thus  prevent- 
ing overshooting  and  the  resulting 
continuous  mechanical  oscillation 
known  as  hunting. 


FIG.  2 — The  continuous  tuning  potentiom- 
eter is  calibrated  in  frequency.  The 
switching  may  be  accomplished  by  a 
multi-position  rotary  switch  or  o bonk  of 
piuh-buttons 

The  fixed  a-c  grid  bias  is  made  as 
low  as  possible  without  causing  the 
grid  to  lose  control,  and  the  phase 
angle  is  made  to  approach  90  de- 
grees. A single  R-C . network  is 
used  to  supply  this  grid  bias  at  a 


phase  angle  close  to  optimum  value 
from  the  heater  winding  on  the 
transformer. 

Using  a radio  receiver  with  the 
servo-device  incorporating  a 15- 
watt  Holtzer-Cabot  gear  head  in- 
duction motor  to  drive  the  4-gang 
tuning  capacitor,  the  unit  was  cap- 
able of  resetting  to  within  1,000 
cycles  at  1,000  kc. 

The  physical  and  electrical  re- 
quirements for  potentiometers  suit- 
able for  use  in  the  control  and  fol- 
low-up circuits  are  not  severe.  The 
unit  used  for  the  continuous  tuning 
function  should  be  a wire-wound, 
high  resolution  potentiometer  hav- 
ing at  least  5 to  7 turns  of  wire  per 
degree  of  rotation.  Preset  poten- 
tiometers are  employed  for  rapid 
channel  selection.  In  the  circuit 
shown,  one  potentiometer  per  sta- 
tion is  required. 

The  components  contained  in  the 
control  box  consist  of  a number  of 
preset  potentiometers,  a rotary 
switch  or  bank  of  push-buttons  and 
a continuous  tuning  potentiometer 
which  is  calibrated  in  frequency. 

The  circuit  is  shown  in  Fig.  2.  In 
operation,  one  adjusts  each  potenti- 
ometer for  each  station.  There- 
after, whenever  the  switch  connects 
a particular  potentiometer  in  the 
circuit,  the  gang  capacitor  in  the 
radio  receiver  chassis  is  rotated  to 
its  correct  position  for  station  se- 
lection. 
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Hum  Reduction 


Intensive  investigation  of  problem  results  in  useful  circuit  design  data  for  minimizing 
hum  from  alternating  magnetic  fields,  electrical  leakage,  input  circuit  wiring  and  heater- 

cathode  leakage  current 


Sources  of  hum  fall  into  two 
broad  classifications : hum 
arising  from  causes  external  to  the 
tube  which  act  either  upon  the  tube 
or  upon  the  components  of  the 
circuit,  and  hum  arising  within  the 
tube  as  a result  of  its  characteris- 
tics. The  first  classification  covers 
hum  from  alternating  magnetic  and 
electrostatic  fields  and  from  leak- 
age and  stray  capacitances  in  the 
circuit  wiring,  while  the  second 
includes  heater-to-cathode  leakage 
and  the  action  of  the  heater  field 
within  the  tube. 

The  most  common  sources  of 
alternating  magnetic  fields  are 
transformers  and  chokes.  There 
are  also  fields  surrounding  the 
wires  carrying  the  heater  current 
and  the  a-c  primary  supply,  but 
these  fields  are  extremely  small  by 
comparison.  The  intensity  of  the 
field  in  air  at  a distance  of  one  inch 
from  a single  wire  carrying  one 
ampere  is  in  the  order  of  0.08 
gauss,  while  the  stray  flux  from 
transformers  may  be  more  than  a 
hundred  times  greater  than  this 
value. 

The  amount  of  stray  flux  for  a 
specific  transformer  is  determined 
by  the  design  of  the  core  and  is 
practically  constant  over  the  normal 
load  range.  It  is  difficult  to  assign 
a general  value  to  the  magnitude  of 
stray  flux  since  it  is  dependent 
largely  upon  the  quality  of  the 
transformer.  However,  -the  order 
of  magnitude  for  average-quality 
transformers  is  5 to  10  gauss  at  a 
distance  of  two  inches  from  the 
core  in  the  active  portion  of  the 
flux  pattern. 

Figure  1 shows  the  flux  pattern 
for  a transformer  with  E-type  core 
laminations.  This  pattern  is  quite 
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similar  to  that  of  an  air-core  coil, 
except  for  modification  due  to  the 
iron  core  of  the  transformer.  The 
pattern  is  represented  as  if  the 
transformer  were  suspended  in  air. 
The  presence  of  a chassis  of  mag- 
netic material  will  have  little  effect 
upon  the  portion  of  the  field  which 
is  two  inches  or  more  above  the 
chassis,  but  the  field  in  the  region 
of  the  chassis  will  be  extended  due 
to  the  lower  reluctance  path.  Some 
advantage  may  be  gained  in  this 
respect  by  the  use  of  vertical- 
mounting transformers  in  pref- 
erence to  the  half-shell  types  of  con- 
struction. 

The  flux  concentration  point  at 
which  the  major  portion  of  the  flux 
leaves  and  enters  the  core  is  located 
at  the  ends  of  the  core  segment  on 
which  the  winding  is  made.  This 
point  is  further  from  the  chassis 
in  the  vertical-mounting  trans- 
formers, thus  reducing  the  exten- 
sion of  the  field.  The  directional 
properties  of  the  stray  flux  are  also 
more  favorable  in  transformers  of 


FIG.  1 — Stroy  flux  pattern  for  transform- 
er with  E-type  core  laminations 


the  vertical-mounting  type  than  in 
transformers  of  the  half-shell  type 
regardless  of  the  material  used  in 
the  chassis. 

Hum  In  Receivers 

An  alternating  magnetic  field 
was  applied  to  each  tube  of  three 
different  receivers,  which  ranged 
from  communications  types  to  com- 
mercial five-tube  table  models  and 
included  both  f-m  and  a-m  recep- 
tion. The  antenna  was  disconnected 
and  the  gain  control  advanced  all 
the  way.  The  field  intensity  was 
then  increased  until  the  hum  level 
became  audible  above  the  noise. 
This  was  repeated  individually  for 
each  tube  in  the  set. 

It  was  found  that  in  most  cases 
a field  of  50  gauss  rms  would  pro- 
duce audible  hum  when  applied  to 
the  r-f  amplifier,  converter,  i-f  am- 
plifiers, or  the  first  audio  stage. 
The  power-output  stage,  and  the 
detector  or  discriminator  stage  in 
circuits  employing  separate  tubes 
for  detector  and  first  audio  were 


FIG.  2 — Tube  with  concentric  type  con- 
etruction 
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not  affected  by  fields  as  high  as 
150  gauss  rms. 

Since  it  has  been  shown  that  a 
representative  figure  for  escape 
flux  from  a power  transformer  is 
5 to  10  gauss,  it  would  seem  that 
the  tube  itself  offers  no  particular 
problem  as  to  hum.  In  many  cases 
this  may  be  true.  However,  the 
value  of  5 to  10  gauss  was  given  for 
a distance  of  two  inches  from  the 
core  of  the  transformer,  and  the 
field  intensity  increases  inversely 
as  the  square  of  the  distance  from 
the  transformer.  The  fields  in  the 
immediate  vicinity  of  the  trans- 
former are  therefore  quite  high, 
and  placement  of  critical  tubes  in 
this  region  should  be  avoided. 

In  addition,  the  final  measure- 
ments in  the  test  outlined  were 
made  aurally,  and  the  hum  com- 
ponents, both  60  and  120  cycles, 
were  less  audible  than  the  higher- 
frequency  noise  which  was  used  as 


arbitrary  unit  (microvolts-per- 
gauss  referred  to  the  grid)  has 
been  selected  since  it  takes  into  ac- 
count the  gain  of  the  tube  under 
test  as  well  as  the  strength  of  the 
field,  and  in  addition  is  more  easily 
referred  to  the  signal  level  at  which 
the  tube  is  expected  to  operate. 

The  hum  level  of  the  pentode- 
type  amplifier  does  not  increase 
linearly  with  an  increase  of  field  in- 
tensity, but  varies  at  a rate  some- 
where between  the  first  and  sec- 
ond power  of  the  field  intensity, 
depending  upon  the  reference  level 
of  the  magnetic  field.  Thus,  for 
glass-type  pentodes,  a hum  level 
of  about  250  microvolts-per-gauss 
(referred  to  the  grid)  may  be  ex- 
pected at  field  intensities  of  around 
45  gauss,  while  at  5 gauss  the  figure 
drops  to  around  20  microvolts-per- 
gauss.  Values  for  comparable 
metal-type  pentodes  are  in  the 
order  of  5 microvolts-per-gauss 


Common  Sources  of  Hum  and  Their  Solutions 


Cause  of  Hum 

Maximum  Hum 
Level  at  Grid 

Solutions 

Modulation  of  plate  current 
by  stray  flux  from  power 
transformer 

Glass  pentode 

Glass  triode 

Metal  pentode 

Metal  triode 

2.00  mv 

0 . 30  mv 

0.10  mv 

0.02  mv 

Proper  orientation  of  tube 
with  respect  to  power  trans- 
former 

Selection  of  proper  size 
plate  load  resistance.  (See 
text) 

Heater-to-grid  leakage  across 
socket 

10  to  15  juv  for  each 
megohm  of  grid  re- 
sistance and  each 
volt  rms  of  heater 
above  ground 

Use  of  double-ended  tubes. 
Adjustable  ground  position 
on  secondary  of  filament 
transformer 

Leakage  or  induced  voltages 
in  closed  loops  of  the  input 
circuit 

Up  to  75  juv 

Use  of  double-conductor 
input  cable  as  shown  in 

Fig.  5 

Heater-cathode  leakage 

Currents  of  0.04  to 

1 .0  microampere 

Adequate  bypassing  of 
cathode  for  power  fre- 
quency. Use  of-  low  cathode 
impedances 

a reference.  In  the  fields  of  audio 
work  this  is  a legitimate  criterion, 
but  in  measurement  and  control 
equipment  the  hum  must  be  con- 
sidered on  the  basis  of  its  rms 
value. 

A considerable  amount  of  data 
has  been  taken  on  several  different 
tube  types  under  varying  field  in- 
tensities and  circuit  conditions.  A 
few  representative  figures  may  be 
quoted  for  general  guidance.  An 


and  increase  only  slightly  between 
5 and  45  gauss  due  to  shielding 
effect  of  the  metal  envelope.  Triode 
types  show  hum  levels  of  around  30 
microvolts-per-gauss  at  45  gauss, 
and  7 microvolts-per-gauss  at  5 
gauss. 

The  orientation  of  the  tube  ele- 
ments in  a magnetic  field  deter- 
mines largely  the  influence  that  the 
field  will  have  upon  the  output  of 
the  tube.  A tube  of  concentric-type 


ccmstruction  is  shown  in  a cutaway 
view  in  Fig.  2.  A major  portion 
of  the  electron  stream  can  be  con- 
sidered bidirectional  along  a line 
which  is  perpendicular  to  the  plane 
of  the  grid  side  rod  supports  at 
the  cathode.  The  magnetic  field 
will  deflect  the  electron  stream  a 
maximum  when  the  flux  is  per- 
pendicular to  the  path  of  the  elec- 
trons. These  maximums  occur 
when  the  flux  vector  is  coaxial  to 
the  tube,  or  when  perpendicular  to 
the  tube  axis  and  in  the  plane  of  the 
grid  side  rods.  As  a general  rule, 
metal  tubes  and  glass  tubes  which 
have  nonmagnetic  side  rods  show 
a maximum  in  the  direction  normal 
to  the  tube  axis,  while  those  with 
magnetic  side  rods  have  a maxi- 
mum in  the  axial  direction,  the 
difference  between  the  two  condi- 
tions being  in  the  order  of  6 to  10 
decibels  in  voltage.  Example: 


Axial  Flux  Hum 
Voltage  at 
Plate  of  Tube 
6SJ7GT.  1.5 
6SJ7  ...  0.02 


Normal  Flux  Hum 
Voltage  at 
Plate  of  Tube 
0.5 
0.04 


The  minimum  hum  condition  for 
all  types  occurs  when  the  flux  vec- 
tor is  perpendicular  to  the  tube 
axis  and  normal  to  the  plane  of  the 
grid  side  rods.  The  minimum  is 
down  30  to  40  decibels  from  the 
maximum  in  glass  types  and  10  to 
20  decibels  in  metal  types,  the  dif- 
ference arising  from  the  distortion 
of  the  field  in  the  metal  type  which 
prevents  a sharp  minimum. 

Since  the  minimum  occurs  only 


FIG.  3 — Equivalent  circuit  for  a tube 
operating  in  a magnetic  field  with  no 
signal  on  the  grid 

when  the  flux  is  directed  perpendi- 
cular to  the  tube  axis,  rotation  of 
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the  tube  socket  is  not  effective  in 
removing  hum  when  the  flux  vector 
is  parallel  to  the  tube  axis.  It  is 
possible  to  rate  a transformer  on 
the  basis  of  the  direction  of  stray- 
flux  vectors  in  the  area  adjacent 
to  the  transformer,  normally  oc- 
cupied by  tubes.  In  this  respect 
the  vertical-mounting  transformer 
is  superior  to  the  half-shell  type, 
since  more  of  its  flux  is  perpendi- 
cular to  the  usual  tube  mounting 
axis  in  the  space  occupied  by  the 
tube  elements. 

If  a tube  is  operated  in  an  alter- 
nating magnetic  field,  the  hum  out- 
put is  a function  of  the  strength 
of  the  field,  the  constants  and  volt- 
ages of  the  circuit,  and  the  char- 
acteristics of  the  tube.  Consider 
a tube  operating  in  a magnetic 
field  without  a signal  on  the  grid. 
The  equivalent  circuit  is  shown 
in  Fig.  3.  The  effect  of  the  field 


FIG.  4 — Variation  of  hum  with  gain  in  a 
typical  pentode  amplifier 


upon  the  tube  may  be  considered 
as  a change  in  the  static  plate  re- 
sistance of  the  tube.  The  sign  is 
shown  as  positive  since  only  in 
comparatively  rare  tube  designs  is 
the  static  plate  resistance  decreased 
by  application  of  the  magnetic 
field.  In  this  circuit:  Rl  = load 
resistance,  R„  = static  plate  resist- 
ance, LR„  = change  in  static  plate 
resistance  at  peak  flux,  = d-c 
plate  supply  voltage,  = static 
plate  voltage,  Eac  = peak-to-peak 
hum  output  voltage  and  h = static 
plate  current. 

Let  the  subscript  1 refer  to 


z 

PICKUP 

HEAD 


r 


A-C^INE 


DOUBLE-CONDUCTOR  INPUT  CABLE  AND  EQUIVALENT  CIRCUIT 


n z 

INPUT 
OF 

STAGE 


FIG.  5 — ^Actual  ond  equivalent  input  circuits  for  single  and  double-conductor  shielded 
input  coble.  Reduced  hum  is  ochieved  with  double-conductor  cable 


normal  operation  (that  is,  opera- 
tion in  the  absence  of  a magnetic 
field)  and  subscript  2 refer  to  oper- 
ation at  peak  flux  value.  Then : 


Eac  — (Ibl  — IhsIRl 

(1) 

r Ebb 

“ Rl  + Rb 

(2) 

j _ Ebb 

^ Rl  d-  Rb  "h  ARb 

(3) 

Substituting  Eq.  2 and  3 in  Eq.  1 

jp  _ / Ebb  Ebb  \ p 

V RL-\-Rb+ARb  / 

(4) 

_ Ebb  RrARb 

(5) 

(Rl  -{-  (Rl  "h  Rb  + Aiffc) 

p Ebb  Rb 

Ri  + R, 

(6) 

ARb  = KRb 

(7) 

where  X is  a function  of  static  plate 
voltage  and  flux  density. 

Substituting  Eq.  6 and  7 in  Eq.  5 

p _ KEbi  Rl 

iZfc  -f  iZi,  -h  KRb 

(8) 

KRb<<(Rb-\-  Rl) 

Eq.  8 may  be  written 

(9) 

p V (^M 

^ (R.  + B.) 

(10) 

Experiment  has  indicated  that  K 
is  a function  of  1/Eb  within  the 
normal  limits  of  encountered  in 

a resistance-coupled  amplifier.  If 
the  peak  value  of  flux  remains  con- 
stant, for  a specific  tube: 

KEb  = a constant 

fll) 

Then 

n 

Eac  = -7^ — . X a constant  (12) 

(,/tL  “T  nb) 

If  the  tube  is  a triode,  the  static 
plate  resistance  R,,  is  fairly  con- 
stant for  different  values  of  Rl,  and 
in  addition  Rr.  is  usually  much 
larger  than  Rb.  Equation  12  indi- 
cates that  if  this  is  the  case,  Eac  is 
reasonably  independent  of  the  cir- 
cuit values. 

In  the  case  of  a pentode,  Rb  de- 
creases with  an  increase  of  Rl  and 
since  Rb  and  Rl  are  of  the  same 
order  of  magnitude : 


Eac  is  a function  of 


-75 — r-5-Y-  X a constant  (13) 

{Kl  “T  ^b) 

It  will  be  noted  that  this  expression 
for  hum  output  voltage  is  quite 
similar  to  the  familiar  formula  for 
output  signal  voltage : 


fxEfl  Rl 

Rl  Rp 


(14) 


in  which  case  represents  the 
constant.  The  major  difference  is 
that  Rb  in  the  hum  formula  is  static 
plate  resistance,  Eb/Ii,,  while  Rp  in 
the  signal-voltage  formula  is  dy- 
namic plate  resistance. 

It  has  been  shown  that  in  the 
usual  application  for  triodes  (Rl  » 
Rb  or  Rp)  the  output  hum  level  is 
relatively  independent  of  the  plate 
load  resistance,  as  is  also  the  gain. 
Hence,  for  triodes,  the  hum  level 
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referred  to  the  grid  is  constant  for 
a given  value  of  flux. 

In  pentodes,  Rt  varies  inversely 
with  Ri,,  and  R„  remains  practically 
constant  over  the  flat  portion  of  the 
plate  characteristics.  Thus,  if 
is  increased,  assuming  Rt.  and  Rp 
of  like  magnitude,  the  gain  in- 
creases by  an  amount  less  than  the 
increase  in  but  the  hum  output 
increases  directly  as  Ri,.  The  hum 
level  referred  to  the  grid  of  a pen- 
tode increases,  therefore,  with  an 
increase  of  the  plate  load  resistance 
as  demonstrated  in  Fig.  4. 

The  output  from  metal  types  was 
approximately  40  decibels  down  in 
voltage  from  that  of  glass  types. 
The  placement  of  a close-fitting  iron 
shield  over  the  glass  tube  reduces 
its  hum  to  within  2 or  3 decibels  of 
the  metal  type. 

The  wave  form  of  hum  output  for 
the  metal  type  is  for  the  most  part 
fundamental,  with  a small  amount 
of  second  harmonic,  while  for  the 
glass  type  it  is  second  harmonic 
with  varying  amounts  of  higher- 
order  even  harmonics.  This  repre- 
sents an  advantage  for  the  metal 
type  when  viewed  from  an  audibilty 
standpoint,  since  a 120-cycle  note  is 
much  more  readily  heard  than  a 60- 
cycle  note.  A 60-cycle  note,  to  sound 
as  loud  as  a 120-cycle  note,  must  be 
about  3 decibels  greater  in  power. 

Electrical  Leakage 

The  leakage  impedance  between 
socket  pins  contributes  hum  to 
stages  with  a-c  heaters  to  a degree 
dependent  upon  grid-circuit  im- 
pedance, pin  placement,  socket 
material  and  heater-to-grid  capaci- 
tance. Consider  a voltage  divider 
made  up  of  the  leakage  impedance 
from  heater  to  grid  pin 
and  the  impedance  from  the  grid  to 
gro-ind  (Zprta).  The  voltage  which 
appears  across  this  divider  is  de- 
termined by  the  wiring  of  the  heat- 
ers, and  the  portion  of  this  voltage 
which  appears  at  the  grid  is  de- 
termined by  the  ratio  of  grid-circuit 
impedance  to  leakage  impedance. 
Since  normal  Zpria  is  much  smaller 
than  Z 

leakafff.f  the  voltage  at  the  grid 
is  almost  directly  a function  of  the 
grid-circuit  impedance  and  in- 


FIG.  6 — Typical  waveforms  of  heater- 
cathode  current 


FIG.  7 — Basic  ratio-detector  circuit 


FIG.  8 — Variations  of  Cj,x  may  cause 
hum  through  frequency  modulation  of 
local  oscillator 


versely  a function  of  the  leakage 
impedance. 

Isolantite-type  sockets  have  the 
highest  leakage  impedance,  which 
is  almost  entirely  capacitive  react- 
ance. Next  best  are  polystyrene, 
mica-filled  Bakelite  and  black  Bake- 
lite,  in  that  order,  with  varying 
amounts  of  resistive  components. 
Since  the  leakage  impedance  is 
predominantly  capacitive  even 
in  the  worst  sockets,  the  elim- 
ination of  harmonics  in  the 
heater  supply  is  of  great  impor- 
tance. The  leakage  impedance  de- 
creases for  the  higher-order  har- 
monics. In  addition,  the  gain  of  the 
stage  is  usually  greater.  Thus  a 
sine-wave  heater  voltage  appears  as 
a sine-wave  output  at  the  plate,  but 


a complex  wave  at  the  heater  is  re- 
produced with  greater  harmonic 
content  at  the  plate.  Representative 
values  of  hum  to  be  expected  from 
this  source  are  10  to  15  microvolts 
at  the  grid  for  each  volt  of  heater 
potential  above  ground  with  a 1- 
megohm  grid  impedance. 

When  one  pin  of  the  heater  is 
grounded  there  is  a single  source  of 
leakage  voltage,  which  arrives  at 
the  grid  leading  the  heater  voltage 
by  90  degrees.  When  the  heater  is 
above  ground  in  a series  string,  the 
leakage  from  both  pins  arrives  in- 
phase  at  the  grid.  However,  if  the 
heater  is  operated  from  the  second- 
ary of  a power  transformer  with 
the  center-tap  grounded,  the  leak- 
age from  the  two  pins  arrives  at 
the  grid  out-of-phase,  but  with  dif- 
ferent magnitudes.  This  partial 
bucking  effect  may  be  utilized  com- 
pletely by  grounding  the  heaters 
through  the  center  tap  of  a potenti- 
ometer with  the  outside  arms  con- 
nected to  the  heater  supply,  and 
then  adjusting  the  ground  tap  for 
cancellation  of  the  two  leakage 
voltages. 

Double-ended  tubes  such  as  the 
6J7  offer  a distinct  advantage  in 
the  problems  of  hum  from  leakage 
since  their  grid  connections  are 
well  removed  from  the  heaters.  As 
an  example,  the  6J7  has  one-tenth 
the  hum  of  the  6SJ7  in  this  respect. 

Input-Circuit  Wiring 

Careful  attention  to  the  wiring 
of  input  circuits  will  frequently  re- 
duce the  hum  of  low-level  ampli- 
fiers. Figure  5 shows  the  equivalent 
circuits  for  single  and  double-con- 
ductor shielded  input  cable.  Units 
Cl  and  Ca  are  leakage  capacitances 
to  the  a-c  line  in  the  amplifier  and 
in  the  auxiliary  equipment.  For  the 
single-conductor  cable  a closed  cir- 
cuit is  made  which  has  a portion  of 
the  grid-return  lead  in  the  loop. 
This  closed  circuit  may  act  either 
as  an  electrical-leakage  path  or  as 
a magnetic  loop,  depending  largely 
upon  the  line  connections  and  the 
size  of  the  leakage  capacitances. 

The  resistivity  of  ordinary  shield 
braid  over  a single  conductor  is 
roughly  0.003  ohm  per  foot.  Capac- 
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itors  Cl  and  C2  then  must  be  rather 
large  to  produce  an  appreciable  volt- 
age drop  along  the  shield.  However, 
in  the  case  of  a grounded  line, 
C2  becomes  a direct  connection  and 
Cl  may  be  as  high  as  0.1  microfarad 
due  to  the  line-isolation  capacitors 
in  certain  types  of  equipment.  With 
a grounded  115-volt  line,  0.1-micro- 
farad leakage  will  produce  50 
microvolts  across  three  feet  of 
shield. 

Frequently  the  leakage  path  of 
Cl  and  C2  is  shorted  out  by  a ground 
strap  between  the  two  chassis  or 
some  other  direct  connection.  In 
this  case  the  closed  circuit  acts  as 
a magnetic  loop  subject  to  the  stray 
flux  of  the  equipment.  Hum  levels 
as  high  as  75  microvolts  at  the  grid 
have  been  encountered  in  tests 
from  this  source. 

The  use  of  two-conductor 
shielded  cable  as  shown  isolates  the 
input  circuit  from  any  closed  loop 
which  the  shield  may  make  with 
auxiliary  equipment,  and  thereby 
prevents  a voltage  drop  which  may 
appear  along  the  shield  from  being 
reflected  through  the  pickup  imped- 
ance to  the  grid.  This  principle  can 
also  be  appplied  to  the  use  of 
ground  straps. 

The  careful  elimination  of  all 
closed  loops  in  the  grounding  con- 
nections will  frequently  reduce  the 
hum  level  of  the  equipment.  Ground 
connections  inside  the  chassis  fol- 
low the  same  pattern,  so  that  the 
cathode-grounding  point  and  the 
ground  end  of  the  grid  circuit 
should  always  be  connected  at  the 
same  point  on  the  chassis  and 
should  be  independent  of  other  cir- 
cuits, except  at  the  chassis  point. 

Sources  Within  the  Ttibe 

The  heater  is  the  only  tube 
element  intentionally  carrying  alter- 
nating current  at  the  power  fre- 
quency. The  heater  for  indirectly- 
heated-cathode  types  is  coated  with 
a ceramic-like  material  to  insulate 
it  from  the  cathode  sleeve  which 
encloses  it.  Of  several  possible  ways 
for  alternating  current  exciting  the 
heater  to  act  upon  the  other  ele- 
ments and  cause  hum,  the  most  im- 


portant and  probably  the  only  one 
that  causes  noticeable  hum  in  re- 
ceiving tubes  is  leakage  current  be- 
tween heater  and  cathode.  Modula- 
tion of  the  plate  current  by  the 
alternating  field  of  the  heater  is 
negligible  in  modern  receiving 
tubes. 

Extensive  work  is  being  done  to 
establish  the  nature  of  heater- 
cathode  leakage  current  but  the 
information  is  not  yet  complete.  It 
may  be  stated  that  the  current  is 
due  mainly  to  a combination  of 
three  phenomena:  capacitive  cou- 
pling between  heater  and  cathode, 
direct  (more  or  less  resistive)  leak- 
age between  them  and  emission 


FIG.  9 — ^Heater  and  cathode  arranged  to 
be  at  some  r-f  potential,  thus  reducing 
hum  due  to  Tariations  of  C,ik 


from  the  cathode  and  the  heater. 
Three  frequently  occurring  wave- 
forms of  heater-cathode  leakage 
current  are  shown  in  Fig.  6 and 
these  indicate  that  this  current  is 
rich  in  harmonic  content. 

If  the  cathode  is  grounded,  cur- 
rent will  not  affect  operation.  The 
same  holds  for  an  adequately  by- 
passed-cathode-resistance  condition. 
However,  there  are  numerous  cases 
such  as  cathode  followers,  phase  in- 
verters, and  detectors  where  the 
heater-cathode  leakage  current  will 
cause  a voltage  drop  across  the 
cathode  resistance  if  the  heater  is 
returned  to  ground.  To  present  sat- 
isfactory design  data  it  is  necessary 
to  consider  this  current. 

The  heater-cathode  impedance  is 
so  large  when  compared  with  the 
normally  used  cathode  resistance 
that  the  current  source  may  be  con- 
sidered as  a constant-current  gen- 
erator. In  tubes  which  are  manu- 


factured with  an  aim  to  minimizing 
heater-cathode  leakage,  current  of 
0.04  microampere  is  common  where 
the  heater  voltage  is  6.3  volts  rms 
and  where  the  cathode  is  returned 
to  one  end  of  the  heater  through  a 
resistance.  In  some  types  such  as 
output  tubes,  where  hum  require- 
ments are  less  severe,  this  current 
may  be  as  high  as  1.0  microampere. 
Fortunately  the  degenerative  action 
of  an  unbypassed  cathode  resist- 
ance tends  to  lessen  the  effect  of  the 
leakage  current. 

A frequently  used  circuit  in  f-m 
sets  is  the  ratio  detector.  The 
schematic  circuit  is  given  in  Fig.  7. 
The  ground  is  connected  either  at 
point  X or  at  point  Y.  The  former 
is  called  a balanced  r^tio  detector. 
The  hum  due  to  heater-cathode 
leakage  current  is  3 or  4 times 
greater  with  a balanced  circuit  than 
with  the  unbalanced  circuit  ob- 
tained when  point  Y is  grounded. 
The  hum  increases,  of  course,  with 
increased  resistance  values.  Also, 
the  larger  the  resistances,  the 
greater  the  difference  between  the 
balanced  and  the  unbalanced  cir- 
cuit. This  is  due  to  the  loading  ef- 
fect of  the  diodes. 

The  increased  use  of  the  higher- 
frequency  television  and  f-m  bands 
has  presented  an  unusual  problem 
of  hum  arising  in  the  local  oscil- 
lator. Figure  8 shows  a circuit 
diagram  of  a typical  high-frequency 
local  oscillator.  The  a-c  heater  sup- 
ply causes  the  heater-to-cathode 


FIG.  10 — Tuned-grid  tuned-plate  oscilla- 
tor with  grounded  cathode  to  minimize 
effect  of  variations  in  C ^ 


capacitance,  Cuk,  to  vary  at  the 
power  frequency.  This  arises  from 
either  thermal  variations  of  the 
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heater  insulation  or  from  mechan- 
ical vibration  of  the  heater,  possibly 
from  a combination  of  the  two. 

Since  the  heater-to-cathode  ca- 
pacitance appears  in  series  with  the 
grid-to-cathode  capacitance,  Cok, 
across  a portion  of  the  grid  tank, 
any  repeating  variation  of  Chk  will 
cause  the  oscillator  frequency  to 
vary.  At  the  higher  frequencies  the 


capacitance  in  the  grid  tank  is  ex- 
tremely small  so  that  a small  change 
of  C„K  will  vary  the  oscillator  fre- 
quency enough  to  produce  an  f-m 
signal  in  the  i-f  strip.  It  has  been 
estimated  that  a heater-cathode  ca- 
pacitance change  of  one  part  in  two 
million  in  television  channel  13  will 
produce  audible  hum  at  the  loud- 
speaker. 


Figures  9 and  10  show  two  meth- 
ods for  minimizing  hum  from  this 
source.  In  Fig.  9 the  heater  and 
cathode  of  the  oscillator  tube  are 
operated  at  the  same  r-f  potential. 
This  method  has  proved  satis- 
factory up  to  200  me.  The  tuned- 
grid  tuned-plate  circuit  of  Fig.  10 
enables  the  cathode  to  be  operated 
at  ground  potential. 


TRANSMISSION  LINES 


Open- Wire  Line  for  F-M 

Relatively  inexpensive  240-foot  untuned  line  feeds  commercial  10-kw  transmitter  output 
to  high-gain  antenna.  Installation  is  more  efficient  than  coaxial  lines  of  comparable  power 
handling  capabilities  and  is  substantially  unaffected  by  the  weather 


WT  this  station  we  have  had  a 
jTAnumber  of  transmission  line 
problems  that  may  well  be  common 
to  those  faced  by  engineers  in  other 
f-m  stations  of  comparable  power. 
A solution  to  be  described  has  in- 
creased the  calculated  effective  radi- 
ated power  from  31  to  36  kw. 

When  the  station  first  went  on 
the  air  at  the  present  site  in  1947 
transmitter  power  of  1 kw  was  used 
although  an  increase  to  10  kw 
transmitter  power  was  contem- 
plated. A li-inch  coaxial  line  was 
purchased  which  was  expected  to 
carry  10  kw.  However,  when  the 
10-kw  rig  was  connected  to  the  line 
there  was  an  arc-over  and  the 
standing-wave  ratio  climbed  to  3 
to  1.  This  condition  was  caused  by 
moisture  in  the  line.  The  import- 
ance of  keeping  the  line  air  tight 
and  under  a small  amount  of  pres- 
sure cannot  be  overemphasized. 
The  line,  which  lasted  only  a few 
years,  could  have  been  used  indefi- 
nitely had  not  this  one  little  item 
been  overlooked  and  had  the  line 
been  inspected  once  a year. 

Costs  and  efficiencies  were  cal- 
culated and  it  was  decided  to  install 
a two-wire  line.  The  efficiency  for 
If -inch  coax  on  the  240-foot  run 
required  was  88  percent,  for  3f-in., 
92.5  percent.  For  two-wire  line,  the 
efficiency  calculated  to  better  than 
98  percent.  Because  of  previous 
experience  with  If-in.  and  its  effi- 
ciency the  choice  lay  between  3f-in. 
and  two-wire  line.  The  cost  of 
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FIG.  1 — Overall  line  and  matching 
methods.  Elements  A through  E are 
shown  in  detail  in  Fig.  2 


two-wire  line  was  estimated  to  be 
$1,000  which  was  much  lower  than 
the  3f-in. 

The  construction  of  the  two-wire 
line  called  for  several  approxima- 
tions, for  while  text  books  give 
formulas  for  calculating  quarter 
wavelengths,  specific  information 
on  correction  for  different  spacings. 


one-line  size,  and  so  on  couldn’t  be 
found. 

Number  0 wire  spaced  six  inches 
was  used  for  the  line.  By  formula, 
Zo  = 276  log  h/a  so  that  for  this 
case,  Zo  = 432  ohms.  The  10-kw 
transmitter  and  4-bay  antenna  had 
output  and  input  respectively  of 
51.5  ohms  unbalanced  to  ground. 
The  problem  was  to  match  the 
balanced  two-wire  line  of  432  ohms 
to  the  51.5-ohm  unbalanced  line. 
This  was  done  by  using  a bazooka 
which  is  essentially  a 1-to-l  trans- 
former, for  taking  care  of  the  bal- 
anced-to-unbalanced  to  ground  con- 
dition and  a quarter-wavelength 
coaxial  matching  section  as  an  im- 
pedance matching  device. 

The  necessary  Zq  for  the  quarter- 
wave  length  transformer  is  the  geo- 
metric mean  between  the  Za  of  the 
two-wire  line  and  the  coax;  Zo  = 
{Z,  Zr)^  = 149  ohms.  By  using 
3f-in.  coax  and  a i-in.  bronze  weld- 
ing rod  for  a center  conductor,  the 
matching  section  was  taken  care  of 
{Zo  ~ 138  log  h/a  which  in  this  case 
gives  149  ohms). 

Since  the  transmitter  is  only  30 
feet  from  the  tower,  it  was  decided 
to  mount  a bazooka  at  both  the  top 
and  the  bottom  instead  of  having  a 
horizontal  run.  For  running  the 
two-wire  line  up  the  tower,  braces 
were  made  at  the  top  and  the  bot- 
tom variable  from  25  to  30  inches 
from  the  tower  (our  frequency  is 
101.3  me).  The  wire  is  threaded  at 
the  top  and  two  holes  of  0.35-in. 
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FIG.  2 — Dimenrions  of  the  ports  used 
for  matching  sections  and  line  attoch- 
ment 


diameter  drilled  in  the  top  and  bot- 
tom brace. 

At  the  top,  where  the  wire  is 
threaded,  four  nuts  are  used.  One 
is  used  at  the  underside  of  the  top 
brace  to  hold  a copper  bar  snug 
against  the  brace.  Three  nuts  are 
used  on  top  of  the  brace  to  give  less 
chance  of  stripping  the  threads  on 
the  wire  and  letting  it  fall.  At  the 
bottom,  after  passing  through  the 
6-inch-spaced  holes  on  the  brace,  a 
300-pound  concrete  weight  is  placed 
on  each  wire  to  keep  it  taut. 

To  maintain  the  wires  the  proper 
distance  from  the  towers,  and  to 
prevent  their  swaying,  quarter- 
wave  shorted  standolf  insulators 
are  used  at  staggered  distances 
averaging  20  feet.  If  each  insula- 
tor is  separated  by  exactly  the  same 
distance  a mechanical  resonance 
may  be  set  up  during  a bad  wind- 
storm causing  the  wire  to  vibrate. 


When  these  standoffs  are  exactly 
quarter-wave  at  the  operating  fre- 
qency  they  have  a high  impedance 
which  is  a pure  resistance. 

Half-inch  bronze  round  stock  was 
used,  and  for  our  frequency  they 
were  made  30  in.  long,  of  which  8 
in.  was  threaded.  Then  by  drilling 
two  half-inch  holes  6 inches  apart 
in  a horizontal  crosspiece  of  the 
tower,  and  by  using  two  nuts,  one 
on  each  side  of  the  tower  crosspiece, 
we  had  a variable  quarter-wave 
standoff  insulator.  On  the  tower 
facing  the  line  a copper  strap,  8 
inches  long  by  IJ  in.  wide  with 
holes  drilled  identical  to  those  in 
the  tower,  is  placed.  This  gives  a 
good  low  resistance  short  raising 
the  Q and  the  effective  impedance 
and  providing  a low-loss  standoff. 
These  were  tuned  with  the  swr 
meter  in  the  transmitter.  They  can 
be  calculated,  however. 

A perfect  short  would  have  to  be 
18  in.  in  diameter  but  the  cross- 
pieces of  the  tower  don’t  even  ap- 
proach this  figure.  If  the  short  is 
the  same  size  as  the  material  in 
the  standoff  then  the  six  inches  of 
the  short  has  to  be  taken  into  con- 
sideration in  the  length  of  the 
standoff.  With  a perfect  short,  the 
standoff  will  be  a quarter  wave- 
length from  the  tower.  When  it 
was  assumed  that  the  crosspieces 
were  a perfect  short,  this  turned  out 
to  be  true  within  the  limits  of  ex- 
perimental error.  We  used  a veloc- 
ity constant  of  0.96  and  the  formula 
for  a quarter  wavelength  in  inches 
given  by  2,950  x V/f„c. 

When  connected  according  to 
calculations,  this  line  had  an  swr 
of  1.8  to  1.  The  change  was  made 
from  the  old  If-in.  coax  to  the  two- 
wire  line  with  no  loss  of  time  on  the 
air.  None  of  the  different  units 
was  critical.  With  additional  tun- 
ing the  swr  was  brought  down  to 
1.4  to  1. 

Constructing  the  Bazookas 

For  best  results  the  diameter  of 
the  bazooka  should  be  two  to  three 
times  the  diameter  of  the  coax.  We 
used  a diameter  of  nine  inches.  A 
bazooka  isn’t  at  all  critical  as  to 


length;  if  designed  for  100  me  it 
will  work  satisfactorily  over  the  f-m 
band.  For  best  results  and  lowest 
swr  it  should  be  adjusted  to  exact 
frequency.  Flat  copper  sheet  J in. 
thick  and  30  in,  wide  was  rolled  and 
silver  soldered  for  a diameter  of  9 
in. 

Figure  1 (section  D)  and  Fig.  2D 
show  the  construction  of  the  ba- 
zooka short-circuit.  The  distance 
from  the  bottom  of  the  bazooka  to 
the  connector  (Fig.  1 and  2E) 
shouldn’t  be  over  two  or  three 
inches.  The  length  of  the  bazooka 
from  the  short  is  calculated  in 
inches  by  the  formula  2,950  x 
0.96//„.e. 

The  149-ohm  impedance  trans- 
former was  constructed  as  follows. 
A four-foot  length  of  3J-in.  coax 
(outer  conductor)  was  used  which 
also  is  part  of  the  bazooka.  A 
length  of  center  conductor  equal  to 
(2,950  X 0.96//mc)  + 5 inches  was 
cut  and  the  reducer  in  Fig.  1 and 
2B  inserted.  To  this  is  added  the 
i-in.  welding  rod  with  the  adapter 
reducer  shown  in  Fig.  1 and  2C. 

The  i-in.  welding  rod  should  be 
silver  soldered  to  the  No.  0 line 
with  the  adapter  (Fig.  2C)  before 
starting  any  of  the  transformer 
construction.  The  connector  shown 
in  Fig.  1 and  2E  is  used  to  maintain 
the  6-in.  line  spacing.  The  two  No. 
0 wires,  one  from  the  connector  in 
Fig.  2E  and  one  from  the  adapter 
in  Fig,  2C  are  connected  to  the  two- 
wire  line  with  the  connectors  shown 
in  Fig.  2A 

It  is  important  to  keep  the  leads 
from  the  bazooka  to  the  two-wire 
line  the  same  length  and  spaced  6 
inches.  The  No.  0 wire  leading 
from  the  connector  (Fig.  2E)  is 
threaded  and  a nut  placed  on  each 
side  of  the  connector. 

The  matching  section  is  sup- 
ported by  the  use  of  a commercially 
available  gas  seal.  Such  a unit  is 
generally  placed  between  two 
lengths  of  coaxial  line  at  the  output 
of  a transmitter.  By  this  means, 
pressure  is  maintained  up  the  ex- 
terior line  even  though  in  the  trans- 
mitter building  it  isn’t  kept  air 
tight.  Besides  holding  up  the  im- 
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pedance-matching  transformer  this 
unit  also  makes  it  possible  to  pres- 
surize the  antenna.  On  the  flange 
in  the  gas  seal  used  for  joining  the 
center  conductors,  a hole  is  tapped 
and  a small  set  screw  is  placed 
through  the  center  conductor  of  the 
coax  into  this  tapped  hole.  The 


same  method  is  employed  with  the 
center  conductor  and  the  reducer  in 
Fig.  2B.  The  matching  section  is 
supported  by  tightening  the  set 
screw  on  the  i-in.  conductor. 

Luckily,  after  the  installation,  we 
had  a bad  storm  with  plenty  of  rain, 
hail  and  a 50-mph  wind.  The  swr 


did  not  vary  at  all.  This  particular 
transmitter  kicks  off  automatically 

with  an  increase  in  swr  or  a short 
in  the  line.  During  the  storm,  the 

adjustment  was  set  for  closer  toler- 
ance than  for  normal  operation  and 
the  transmitter  didn’t  kick  off  once. 


R-F  Transmission-Line  Nomographs 

Ten  equations  commonly  used  to  compute  relationships  between  electrical  and 
mechanical  properties  of  radio  - frequency  transmission  lines  have  been  plotted 

as  convenient  nomographs 


IN  radio  engineering,  nomo- 
graphs permit  the  saving  of 
considerable  time,  particularly 
where  the  repeated  solution  of 
mathematical  equations  is  required. 
They  are  especially  well  suited  to 
portraying  the  relationships  be- 
tween the  many  electrical  and  me- 
chanical properties  of  radio  fre- 
quency transmission  lines  since 
these,  relationships  may  generally 
be  expressed  by  relatively  simple 
mathematical  equations.  Ten  of  the 
most  useful  of  these  equations  have 
been  plotted  as  nomographs  as  a 
convenience  to  the  radio  engineer. 
Each  of  these  is  discussed  briefly 
and  the  formulas  are  given  to  per- 
mit an  evaluation  beyond  the  ac- 
curacy of  the  nomograph  should 
this  be  desired  in  any  particular 
case.  The  derivation  of  the  formulas 
is  based  upon  certain  simplifying 
assumptions  which  are  generally 
considered  justifiable  for  radio- 
frequency transmission  lines. 

1.  Characteristic  Impedance  of 
Transmission  Lines 
For  radio-frequency  transmission 
lines  where  the  losses  per  wave- 
length are  relatively  small,  the 
charactertistic  impedance  is  essen- 
tially a pure  resistance.  The  char- 
acteristic impedance  is  numerically 
equal  to  the  square  root  of  the  ratio 
of  the  distributed  inductance  to  the 
distributed  capacitance  per  unit 
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length.  Since  both  of  these  param- 
eters are  uniquely  related  to  the 
physical  size  and  spacing  of  the  con- 
ductors, it  is  possible  to  express  the 
characteristic  impedance  in  terms 


of  the  physical  dimensions  of  the 
line. 

Thus,  the  characteristic  imped- 
ance (Zo)  of  an  open  2-wire  line  is 

Zo  = 276  logio  {2D/d)  ohms  (1) 
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where  D is  the  wire  separation  on 
centers  and  d is  the  wire  diameter, 
both  in  the  same  units.  Figure  1 
shows  the  characteristic  impedance 
of  an  open  2-wire  line  as  a function 
of  the  conductor  dimensions  and 
their  center-line  spacing. 

2.  Characteristic  Impedance  of  a 
Coaxial  Line 

The  characteristic  impedance 
(Zo)  of  a coaxial  transmission 
line  is 

Zo  = 138  logic  (D/d)  ohms  (2) 

where  D is  the  inner  diameter  of 
the  outer  conductor  and  d is  the 
outer  diameter  of  the  inner  con- 
ductor. This  applies  only  to  a line 
where  the  medium  between  con- 
ductors is  predominantly  a gas,  such 
as  air,  at  low  pressures. 

If  the  coaxial  line  is  filled  with  a 
uniform  dielectric  material  other 
than  a low  pressure  gas,  the  char- 
acteristic impedance  is  reduced  by 
a factor  equal  to  1/ki,  where  k is  the 
relative  dielectric  constant  of  the 
material.  For  a line  with  bead  in- 
sulators at  small  uniform  intervals, 
the  effective  dielectric  constant 
(fc.)  may  be  computed  from  the 
following 

k,  = (A  < + «)/(<  + «)  (2a) 

where  t is  the  thickness  of  one  bead, 
8 is  the  spacing  between  two  beads, 
both  t and  8 in  the  same  units ; and 
k is  the  relative  dielectric  constant 
of  the  bead.  A number  of  optimum 
values  for  the  characteristic  im- 
pedance of  coaxial  lines  exist  which 
are  based  upon  different  considera- 
tions such  as  the  maximum  power 
handling  capability  and  the  mini- 
mum loss.  Several  of  these  opti- 
mum values  are  indicated  along  the 
characteristic  impedance  scale  on 
the  right  hand  side  of  the  nomo- 
graph. Fortunately,  all  of  these 
optimums  are  relatively  broad  in 
their  characteristics  and  a consid- 
erable departure  can  generally  be 
tolerated  for  any  particular  appli- 
cation. 

Figure  2 shows  the  characteris- 
tic impedance  of  a gas  dielectric 
coaxial  transmission  line  as  a func- 
tion of  the  two  conductor  diameters. 

3.  High-Frequency  Resistance  of  a 


Coaxial  Line 

The  high  frequency  resistance  of 
a coaxial  transmission  line  is  one 
of  the  principal  factors  which  de- 
termine the  attenuation  along  the 
line.  It  is  also  one  of  the  factors 
which  determine  the  maximum  anti- 
resonant impedance  and  the  mini- 
mum resonant  impedance  of  a line 
section  when  used  as  a circuit  ele- 
ment. The  high  frequency  resist- 
ance of  a coaxial  line  is  a function 
of  both  conductor  dimensions  and 
of  the  frequency  (due  to  skin  ef- 
fect). It  is  also  a function  of  the 
resistivity  of  the  material  of  which 
the  conductors  are  made. 

For  copper  coaxial  lines  the  high 
frequency  loop  resistance  (R)  is 

R = 0.0315/1^  -f  ohms 

per  1,000  feet  (3) 

where  / is  the  frequency  in  kilo- 
cycles, D is  the  inner  diameter  of 
the  outer  conductor  in  inches,  and 
d is  the  outer  diameter  of  the  inner 
conductor  in  inches. 


For  conductors  other  than  copper, 
the  high  frequency  resistance  is 
proportional  to  the  square  root  of 
the  ratio  of  the  resistivity  of  the 
conductor  to  that  of  copper. 

Figure  3 shows  the  resistance  of 
a copper  coaxial  line  as  a function 
of  the  conductor  dimensions  and 
the  frequency.  Dielectric  losses, 
which  are  negligible  in  a gas  di- 
electric line,  are  not  included. 

The  nomograph  on  Fig.  3 is  used 
as  follows : draw  a straight  line  con- 
necting points  on  the  first  and 
fourth  scales  from  the  left,  which 
show,  respectively,  the  line  con- 
ductor diameters.  Obtain  the  inter- 
section of  this  line  with  the  second 
scale  marked  Size  Factor.  Now 
project  this  intersection  to  a cor- 
responding point  on  the  third  scale 
marked  Pivot  Line,  as  shown  in 
the  example  on  the  nomograph. 
Finally,  connect  this  new  pivot 
point  with  a straight  line  intersect- 
ing the  desired  value  on  the  sixth 
or  frequency  scale.  The  intersection 
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of  this  latter  straight  line  with  the 
scale  marked  Resistance  in  ohms 
per  1,000  feet  gives  the  desired 
loop  resistance  value. 

4.  Conversion  of  Loss  Resistance 

to  Decibels  Attenuation  per 

Unit  Length 

It  is  sometimes  convenient  to  con- 
vert loop  resistance  of  a transmis- 
sion line  (as  obtained  from  Fig.  3) 
to  decibels  (db)  per  unit  length. 
This  may  be  done  if  the  character- 
istic impedance  of  the  line  is  known. 
The  conversion  equation  is  simply 

db  = /e/0.23025  Zo  (4) 

where  R is  the  loop  resistance  and 
Zo  is  the  characteristic  impedance. 
This  relationship  is  plotted  on  the 
nomograph  of  Fig.  4.  The  nomo- 
graph applies  to  either  open-wire 
or  coaxial  lines  and  does  not  require 
the  line  conductors  to  be  of  copper. 

5.  Antiresonant  Impedance  of  a 

Transmission  Line  Section 

The  antiresonant  impedance  Z^b 
of  a transmission  line  section  either 
open  or  short-circuited  at  its  far 
end  is  a function  of  the  total  con- 
ductor resistance  and  the  character- 
istic impedance  of  the  section.  The 
relationship  is 

Zab  ==  2 Zn*/R  ohms  (5) 

where  Z^  is  the  characteristic  im- 
pedance and  R is  the  resistance  of 
the  antiresonant  line  section. 

The  shortest  antiresonant  line 
section  is  one-quarter  wavelength 
long  (short-circuited  at  its  far  end) 
and  accordingly  this  will  have  the 
highest  antiresonant  impedance.  A 
line  section  one-half  wavelength 
long  (open-circuited  at  the  far 
end)  will  have  only  half  as  high  an 
antiresonant  impedance  because  its 
resistance  R is  twice  as  great. 

Figure  5 shows  the  antiresonant 
impedance  of  a transmission  line  as 
a function  of  the  total  resistance 
and  the  characteristic  impedance  of 
the  section.  The  nomograph  applies 
equally  to  either  coaxial  or  open 
wire  lines. 

The  resonant  impedance  of  a 
transmission  line  section  is  simply 
one-half  of  its  total  resistance  (ob- 


TRANSMISSION  LINE 


543 


ttZO, 000^000 

io;ooo,ooo 

-|-5, 000,000 

irA  000,000 
'-■-2,000,000 

Jl,  000,000 

■500,000 
■300,00  0 
200,000 


5 i i 

i li 


100,0  00 

■50,000 

-30, 000 
■20,00  0 

10,000 

■5,000 

■3, 000 
2,  000 

1 , 000 

-¥-500 

-ir3oo 

•:k00 

-i-loo 


CHARACTERISTIC 
IMPEDANCE  IN  OHMS 

^1,000 

H^500 

-i-300 

-1-200 

h[-50 

-ir30 

-jr20 

-i-i  0 


FIG,  5 

ANTIRESONANT  IMPEDANCE 


7 1 0,000 

-■r  5,000 
-j  r3,000 

i-2,000 
-!  - t.ooo 

- 7 500 
-7300 
-■-200 

-’r  too 

i * 

"50 
in  Tr30 

i -il-zo 

o ; 

5 7^10 

OT  773 
w 

ui  - -2 

c : : 

-^1-0.5 

--0.3 

-;r0.2 

■:rai 

70.05 
7 7003 
-^0.02 


1-1,000 


-i-50  0 


•100 


E -r50 

ui 

y-  :: 
o 

< - 

tc 

< 


-4-20 


-l-IO 


-15,000 

■10,000 

■5,000 

■4,000 

3P00 

■+2fi00 

1,0  00 

500 

400 

■300 


I 


4:200  J 


S a. 

Ui° 

o q: 
z o 
< u. 


Q-  5? 


* ELECTRICAL  LENGTH  = Vkx  ACTUAL 

LENGTH  WHERE  K«  DIELECTRIC  CONSTANT -^0.5 


0,01  -rO.24 


0.02  +0.23 


03- 


04- 


0.05+0.20 
0 
0 


.06- 


100  Z 


-+-40  O 


20  H 


ui  u 


|5 

Z (L 
UI  o 

Ui 


o a. 


07- 

OS- 

OS 

10 

11- 

12- 

13- 

14 

15- 

16 

17- 

IS- 


0 . 1 9-+0.06 


+10  f 


0.  20- 


FIG.  6 


21 


22 


23- 


+1  INPUT  REACTANCE 


0.24  -‘-0,01 


).22 


>.2I 


0.19 
O.IS 
0.17 
0.16 
0.15 
■a  14 
■0.13 
■0.12 
0.1 1 
0.10 
0.09 
0.08 
0.07 


305 


3.04 


303 


3.02 


tained  from  Fig.  3) ; accordingly, 
no  nomograph  has  been  plotted  for 
this. 

6.  Input  Reactance  of  a Transmis- 
sion Line  Section 

A short  length  of  transmission 
line  is  sometimes  used  as  a reac- 
tance element  in  high-frequency  cir- 
cuits. The  input  reactance  is  a 
function  of  the  electrical  length  of 
the  line  section  and  its  characteris- 
tic impedance.  The  reactance  varies 
between  values  essentially  equiva- 
lent to  plus  and  minus  one  half  of 
the  antiresonant  impedance  (ob- 
tained from  Fig.  5).  In  air  or  gas 
dielectric  coaxial  lines,  the  electrical 
length  is  very  nearly  the  same  as 
the  physical  length  measured  in 
terms  of  free  space  wavelengths.  A 
dielectric  other  than  a gas  results 
in  a reduction  in  the  length  of  the 
wave  in  the  line  which  is  propor- 
tional to  the  square  root  of  the  aver- 
age dielectric  constant.  Thus  a 
polyethylene  coaxial  cable  with  a 
dielectric  constant  of  2.5  will  be 
electrically  (2.5)  i or  1.6  times  as 
long  as  if  the  dielectric  were  a gas. 

The  electrical  length  and  the 
characteristic  impedance  of  a line 
section  as  well  as  its  termination 
(either  open  circuit  or  short  cir- 
cuit) determine  the  magnitude  and 
sign  of  the  input  reactance.  For  an 
open-wire  or  coaxial  line  section, 
open-circuited  at  its  far  end,  the 
input  reactance  X,  is 
X,  = — Zo  cot  (360  l/\)  ohms  (6) 

where  l/\  is  the  electrical  length  in 
wavelengths  and  Zo  is  the  char- 
acteristic impedance. 

For  an  open-wire  or  coaxial  line 
section,  short-circuited  at  its  far 
end,  the  input  reactance  X is 
.X”,  = Zo  tan  (360  Z/X)  ohms  (6a) 

Figure  6 shows  the  input  reac- 
tance of  an  open  or  short-circuited 
transmission  line  section  as  a func- 
tion of  the  electrical  length,  the 
characteristic  impedance,  and  the 
termination. 

7.  Quarter  - Wave  Transmission 
Line  Impedance  Transformers 
Impedance  transformations  are 
often  made  along  radio-frequency 
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transmission  lines  by  employing  a 
quarter-wave  secti«i  of  transmis- 
sion line  of  selected  characteristic 
impedance  as  an  impedance  trans- 
former. When  such  a line  section  is 
terminated  in  a pure  resistance  its 
input  impedance  will  be  a pure  re- 
sistance which  depends  upon  the 
load  resistance  value  and  the  value 
of  the  characteristic  impedance  of 
the  quarter-wave  line  section. 

Figure  7 shows  the  input  resist- 
ance Rt  of  a quarter-wave  open  wire 
or  coaxial  line  section  terminated  in 
a pure  resistance  load.  The  rela- 
tionship is 

R,  = Zo*/Ri  ohnM  (7) 

where  Ri  is  the  terminating  resist- 
ance and  Zo  is  the  characteristic  im- 
pedance. 

8.  Current-Phase  Relationship 

Along  a Transmission  Line 

The  phase  relationship  of  the  cur- 
rent from  point  to  point  along  a 
radio-frequency  transmission  line 
will  be  uniform  with  length  only 
when  the  line  is  terminated  in  an 
impedance  equivalent  to  its  char- 
acteristic impedance ; otherwise  the 
phase  will  vary  nonuniformly  along 
the  line. 

Figure  8 shows  the  phase  rela- 
tionship of  the  current  at  the  send- 
ing end  of  a line,  with  respect  to 
the  current  in  a resistance  load,  as 
a function  of  the  ratio  of  the  load 
resistance  to  the  characteristic  im- 
pedance of  the  line,  and  of  the  ef- 
fective length  of  line.  The  relation- 
ship is 

^un(360  -f)]  (8) 

d^^rees 

where  Ri  is  the  load  resistance,  Z, 
is  the  characteristic  impedance  and 
l/\  is  the  electrical  length  in  wave- 
lengths. 

The  current  in  the  load  will  al- 
ways lag  the  current  at  the  sending 
end  of  a transmission  line.  It  will 
undergo  exactly  180  degrees  of 
phase  shift  in  each  electrical  half- 
wave length  regardless  of  the  ratio 
of  the  load  resistance  to  the  char- 
acteristic impedance. 

9.  Voltage  Gradient  along  a Coaxial 

Line 
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In  a coaxial  transmission  line  the 
maximum  voltage  gradient  occurs 
at  the  surface  of  the  inner  con- 
ductor. When  this  gradient  ex- 
ceeds the  critical  value  of  approxi- 
mately 20,000  volts  (rms)  per  cm, 
breakdown  will  occur  in  the  form 
of  either  corona  or  arcover.  If  the 
characteristic  impedance  of  the  line 
is  less  than  the  optimum  breakdown 
value  of  60  ohms,  arcover  will 
occur  without  corona — if  it  is  more 
than  60  ohms,  corona  will  precede 
arcover. 

Figure  9 shows  the  maximum 
voltage  gradient  Gm.*  on  a coaxial 
line  as  a function  of  the  character- 
istic impedance  of  the  line,  the 
physical  size  of  the  inner  conductor 
and  the  applied  voltage.  The  rela- 
tionship is 

Ommx  47 .2EfdZo  nns  volts  per  cm  (9) 
where  E is  the  applied  rms  voltage, 
d is  the  diameter  of  the  inner  con- 
ductor in  inches,  and  Z,  is  the  char- 
acteristic impedance. 

This  nomograph  is  used  as  fol- 
lows: first,  connect  with  a straight 
line  points  on  the  first  and  third 
scales  from  the  left  which  represent 
the  inner  conductor  diameter  and 
the  characteristic  impedance  (see 
example  on  nomograph).  The  inter- 
section of  this  line  with  the  second 
scale  labeled  Pivot  Line  is  next  con- 
nected with  a second  straight  line 
passing  through  the  desired  point 
on  the  fourth  scale  labeled  Applied 
Volts,  RMS.  The  intersection  of 
this  second  straight  line  with  the 
fifth  scale  gives  the  desired  value 
for  the  gradient  on  the  surface  of 
the  inner  conductor  in  rms  volts  per 
cm. 

Bead  insulators  may  cause  higher 
gradients  in  their  vicinity  resulting 
in  premature  voltage  breakdown 
particularly  if  they  fit  loosely  on 
the  inner  conductor. 

10.  Diminution  of  Standing  Wave 
Ratio  Due  to  Line  Loss 

A high-frequency  transmission 
line  whose  characteristic  impedance 
is  not  matched  by  the  load  imped- 
ance will  have  standing  waves  along 
its  length.  The  standing  wave  ratio 
in  the  vicinity  of  the  load  will  be 
numerically  equal  to  the  ratio  of 
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the  load  resistance  to  the  character- 
istic impedance  (or  its  reciprocal  if 
this  is  less  than  unity) . If  the  line 
has  attenuation,  there  will  be  a 
gradual  diminution  of  the  standing 
wave  ratio  in  the  direction  of  the 
generator. 

Figure  10  shows  the  relationship 


between  the  standing  wave  ratio  in 
a region  near  the  generator  (assum- 
ing that  the  wavelength  is  small 
compared  to  the  line  length),  the 
standing  wave  ratio  near  the  load, 
and  the  line  loss  in  decibels  (as  ob- 
tained from  Fig.  3 and  4).  The  re- 
lationship is 


where  St  is  the  voltage  standing 
wave  ratio  near  the  load  and  So  is 
the  voltage  standing  wave  ratio 
near  the  generator. 


High-Frequency  Transmission-Line  Chart 

Determination  of  input  impedances  and  matching-stub  dimensions  are  simplified  by  the 
use  of  this  chart  which  features  straight-line  loci  instead  of  curves  as  in  conventional  circle 
diagram  and  Smith  charts.  Sample  problems  are  shown 


The  circle  diagram  and  the 
Smith  chart"’^  -are  convenient 
methods  for  solving  input  imped- 
ance and  matching-stub  problems 
on  high-frequency  dissipationless 
transmission  lines.  However,  by 
properly  manipulating  the  equa- 
tions of  which  these  two  charts  are 
a plot,  a third  chart  can  be  developed 
which  has  the  advantage  that  in 
working  such  problems  a straight- 
line  locus  is  followed  in  the  chart, 
rather  than  a curved  one. 

If  a given  transmission  line  has 
a length  s,  phase  shift  ^ radians 
per  unit  length,  characteristic  im- 
pedance Rc,  and  receiving  end  im- 
pedance Zb,  then  the  impedance  at 
the  sending  end  is  given  by  the 
well-known  formula 


1 + r,  i - 2 <3 .) 
Z.  ■"*  1 _ Te  j 2 


(1) 


where  is  called  the  reflection 

coefficient  of  the  line  and  is  equal 
to  the  ratio  of  the  reflected  com- 
ponent to  the  incident  component  of 
voltage  at  the  load.  In  terms  of 
impedance 


Z B Rc 

Letting  ^ — 2 /3s 


Z,  - j 

To  achieve  a per 


(2) 

unit  basis,  let 


Zs/Rc  = r + jx.  Then  Eq.  2 
becomes 
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r +jx 

Thus 


1 + 
1 - 


(3) 


Te>'l>=  , , (4) 

If  this  last  equation  is  solved  by 
equating  magnitudes  and  equating 
angles,  the  following  pair  of  equa- 
tions are  obtained 


1 + rn^ 
1 - r*J 


-I-  x*  = 


[l 


r®  -f  (x  — cot  = csc*<^ 


2r 

- nj 


(5) 


These  are  equations  of  circles  which 
when  plotted  give  the  circle  dia- 
gram with  families  of  constant  r 
and  constant  ^ circles  superimposed 
on  the  r and  x rectangular  grid.  To 
include  all  possible  r and  x values, 
however,  a diagram  infinite  in  ex- 
tent is  needed. 


If  Eq.  4 were  solved  by  equating 
reals  and  equating  imaginaries,  the 
pair  of  equations  that  would  be 
obtained  are 

[“  - rr;]  + ”’  = (6) 

(u  - !)>'  + (v  - l/x)2  = l/x2 
where  = u + jv.  A plot  of 
Eq.  6 gives  the  resistance  and  react- 
ance circles  on  the  familiar  Smith 
chart. 

However,  if  Eq.  3 were  to  be 
solved  for  r and  (f>,  a new  chart 
would  result.  By  rationalizing  the 
denominator  in  Eq.  3 and  simplify- 
ing 


r -1-  jx  = 


(1  - P)  -I-  j2r  sin  (t> 


(1  — r cos  <i>y  4-  sin^  <i> 
Equating  reals 


(7) 


cos  4>  = 


r(l  -I-  r2)  -1  4-  P 
2rr 


Equating  imaginaries 


X (1  4-  I’^)  — 2xr  cos  (t> 
— 2r  sin  <f>  =0 


(8) 

(9) 


The  chart  shows  Eq.  8 and  9 plotted 
on  a rectangular  T - <f>  grid  for  con- 
stant r and  x loci.  The  curves  be- 
ginning at  the  right-hand  axis 
where  r = 1 and  curving  back  to 
1,0  are  reactance  loci,  while  the 


Partial  diagram  illustrating  use  of  curve 
for  finding  input  impedance 

resistance  loci  extend  in  quasi- 
radial  curves  from  the  point  1,0. 
This  chart  could  also  be  obtained, 
of  course,  by  a point-to-point  plot- 
ting process  from  the  other  dia- 
grams. 

The  chart  shows  only  positive 


TRANSMISSION  LINE 


547 


values  of  x.  From  Eq.  9 it  is  seen  the  chart  shows  a reflection  coeifi-  Re/Zs  — 2 +jl.5.  This  lo(Wes  the 
that  if  X were  chosen  negative  and  cient  of  approximately  0.535/30  same  point  as  in  example  1.  Follow- 
(/>  negative,  (or  <f>  greater  than  deg.  This  corresponds  to  A ing  the  constant  r line  dowriyv^ard 
180  deg),  the  equation  has  merely  below.  Now  subtract  2^s  or  100  (corresponding  to  moving  away 
been  multiplied  through  by  ( — 1).  deg  from  30  deg,  giving  —70  deg.  from  the  load  to  zero  and  then  up- 
Therefore,  to  complete  the  chart.  We  may  read  the  proper  value  at  <l>  ward,  we  would  reach  unit  conduct- 
a second  half -chart  could  be  drawn  = +70  deg,  keeping  in  mind  that  ance  when  <f>  = deg.  Thus  ps  = 
for  negative  values  of  x,  with  ^ x would  be  negative  in  the  other  (3q  jjgg  ^ 53  /2  = 46.5  deg,  or 

ranging  from  0 to  —180  deg,  but  it  half  chart.  at  a distance  46.5  deg/p  from  the 

would  be  merely  a reflection  of  the  Thus  following  the  straight  r line  jg^d,  the  stub  should  be  placed.  The 
chart  shown  about  the  r axis,  and  of  0.535  down  to  zero  and  back  up  susceptance  at  that  point  is  ap- 
therefore  not  necessary,  as  the  to  B or  70  d^g,  we  read  0.77  -jl.l.  proximately  -1.25  mho,  and  the 
following  exam^e  shows.  Therefore,  Zs  = 250  (0.77  - jl.l)  point  0,  +1.25  corresponds  to  about 

Example  1.  Calculation  of  input  ^ 192  _ j275  ohms.  77  deg.  Thus  the  length  of  a shorted 

impedance.  Let  Rc  — 250  ohms,  Zb  Example  2.  Single-stub  impe-  stub  at  that  point  should  be  2 (77 
= 500  + j3^5  ohms,  and  ps  zt  50  dance  matching.  If  R^  = 250  ohms  deg)  or  154  deg  and  for  an  open 
deg.  Then  Zn/Rc  = 2 + jl.5  and  and  ~Zn  = SO  — j60  ohms,  then  stub,  154  deg  -90  deg  = 64  deg. 
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Optimum  Coax  Diameters 

Equations  and  charts  give  optimum  ratios  of  inner  and  outer  conductor  diameters  for 
each  of  ten  different  transmission  line  properties.  Comparison  of  curves  speeds  choice  of 
best  compromise  ratio  for  a particular  application.  Expanded  scales  give  Zo  for  any  ratio 


Ip  THE  INNER  DIAMETER  D of 
the  outer  conductor  of  a coax- 
ial transmission  line  is  held  con- 
stant and  the  diameter  d of  the 
inner  conductor  is  varied,  opti- 
mum conductor  diameter  ratios 
for  different  transmission  line 
properties  will  range  from  one  to 
infinity  as  indicated  in  Fig.  1. 

It  is  frequently  advantageous 
to  employ  a coaxial  line  having  a 
conductor  diameter  ratio  which 
results  in  a compromise  between 
several  desirable  line  properties. 
A single  compromise  ratio  is 
also  desirable  for  certain  fields 
of  use  because  it  simplifies 
manufacturing  and  merchandis- 
ing problems.  These  considera- 
tions have  led  to  standardization, 
in  effect,  of  a single  coaxial  con- 
ductor diameter  ratio  for  high- 
frequency  and  microwave  appli- 
cations.^ This  ratio  (2.3)  re- 
sults in  a nominal  characteristic 
impedance  of  about  60  ohms. 
For  many  specific  coaxial  line 
applications,  however,  the  design 
engineer  may  find  it  desirable  to 
employ  a conductor  diameter 
ratio  which  will  give  more  nearly 
optimum  results. 

The  derivation  of  the  optimum 
ratios  is  briefly  described  and 
optimum  values  are  indicated  to 
one  part  in  ten  thousand.  In  all 
cases  the  medium  between  con- 
ductors is  assumed  to  be  a gas 
with  a dielectric  constant  ap- 
proaching unity,  and  any  effect 
of  inner  conductor  supports  upon 
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the  optimum  conductor  diameter 
ratio  for  a given  property  is 
neglected. 

The  relationship  between  con- 
ductor diameter  ratio  and  char- 
acteristic impedance,  as  plotted 
on  the  expanded  scales  of  Fig.  2, 
is  based  on  the  familiar  equation 

Zo  = 138  logio  (D/<0  (1) 

Attenuation  and  Attenu€itors 

For  a given  frequency  and  con- 
ducting material  the  total  high- 
frequency  resistance  R of  a 
coaxial  transmission  line  is  pro- 
portional to  the  inverse  sum  of 
the  diameters  of  the  individual 
conductors : 

This  equation  shows  that  mini- 
mum resistance  of  a line  of  given 
outer  conductor  diameter  D oc- 
curs when  ratio  D/d  approaches 
unity.  Minimum  resistance  does 
not,  however,  accompany  mini- 
mum attenuation.  As  the  con- 
ductor diameter  ratio  approaches 
unity  the  resistance  approaches 
0.435  times  the  resistance  of  a 
line  having  minimum  attenua- 
tion, as  seen  from  Fig.  3. 

Minimum  attenuation,  com- 
monly referred  to  as  loss  in  a 
coaxial  transmission  line,  occurs 
when  ratio  D/d  is  3.592.  This 
ratio  corresponds  to  a character- 
istic impedance  of  76.64  ohms. 


As  the  conductor  diameter 
ratio  drops  below  the  minimum- 
attenuation  ratio  of  3.592  the 
line  resistance  continues  to  de- 
crease but  the  current  required 
to  transmit  the  same  power 
through  the  line  rises.  For 
ratios  below  3.592  the  PR  losses 
mount  at  a rate  that  is  faster 
than  the  rate  at  which  the  re- 
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MAXIMUM  RESISTANCE,  MINIMUM  0 
AND  MINIMUM  ANTiRESONANT 
IMPEDANCE,  MAXIMUM  RESONANT 
IMPEDANCE  D/dioo  Zq*co 

MAXIMUM  ANTIRESONANT  IMPEDANCE 
0/d  *9.185  Zq*  132.9 

MAXIMUM  0 AND  MINIMUM 
ATTENUATION 

0/d *3.592  Zo*  76.64 


MAXIMUM  breakdown  VOLTAGE 
D/d  • 2.718  Zq  ■ 59.93 


MINIMUM  TEMPERATURE  RISE  OF 

INNER  CONDUCTOR 

0/d  *1.835  Zo  *36.38 


MAXIMUM  POWER  CARRYING 
CAPABILITY 

D/d  * 1.648  Zo  * 29.94 

MINIMUM  RESISTANCE,  MINIMUM  0, 

AND  MINIMUM  RESONANT 

IMPEDANCE 

0/d  ‘ 1.000  Zo*  0 


FIG.  1 — Quick  picture  of  optimum  coooc- 
icd  conductor  diomieter  ratios 


sistance  decreases.  The  attenua- 
tion constant  of  the  line  and  not 
the  resistance  alone  determines 
the  overall  attenuation. 

The  attenuation  constant  a of 
a high-frequency  transmission 
line  is 

a = Jd/2  Zo  (3) 
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Zj  D4t  Zg  Zg  Zfl  0^  Zo  Zg  0^ 

40-r  eO-f  3.8  120- 


70-1  llOi 


20 -rW  60 


190-F  230^ 


fS.9 

i4oi:  'Bo-Lgo^zo^ 
■Irio  I 

1-9.0  f >19  3- 

-9.S 

--I8 

-9.0  ■ i- 

90-^4.6130-^  170-^17  210-^ 

-8.9  J L 
-16 


FIG.  2 — Characteristic  impedance  in 
ohms  of  gas-filled  coaxial  line  for  Tor- 
ious  conductor  diameter  ratios 


Substituting  Zo  from  Eq.  1, 

“ “ 276  logio  (D/d) 

But  from  Eq.  2 is  proportional 
to  [(1/d)  + (l/D)].  Substi- 
tuting this  for  R in  Eq.  4,  we 
obtain 


(l/d)  + (l/D) 
logic  (D/d) 


(5) 


where  X is  a proportionality 
factor.  The  conductor  diameter 
ratio  corresponding  to  minimum 
attenuation  is  obtained  by  mini- 


FIG.  3 — Solid-line  cunre  gires  effect  of 
D/d  on  ratio  of  resistance  or  resonant 
impedance  of  line  to  that  of  line  haring 
minimum  attenuation.  Dashed-line  curre 
gtres  effect  of  D/d  on  ratio  of  attenua- 
tion of  line  to  that  of  line  haring  mini- 
mum attenuation 


mizing  a with  respect  to  D/d. 

The  increase  in  attenuation* 
as  a result  of  jdeparting  from  the 
optimum  ratio  of  3.692  is  ob- 
tained from  Eq.  5 when  the  pro- 
portionality factor  K equals  log 
3.692/(3.592  + 1)  or  0.121.  Fig- 
ure 3 shows  this  graphically. 

Heat,  Voltage  and  Power 

The  optimum  conductor  diam- 
eter ratio  of  a coaxial  line  based 
on  temperature  rise  of  the  inner 
conductor  may,  with  certain  sim- 
plifying assumptions,  be  com- 
puted by  multiplying  the  attenu- 
ation constant,  as  expressed  by 
Eq.  5,  by  the  area  ratio  of  outer 
to  inner  conductor  per  unit 
length  (which  equals  the  ratio  of 
diameters)  and  then  minimizing 
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FIG.  4 — Solid-line  cunre  gives  effeel  of 
D/d  on  ratio  of  power-carrying  capa- 
bility of  line  to  thot  of  line  having  maxi- 
mum capability.  Dashed-line  curve  gives 
effect  of  D/d  on  ratio  of  breokdown 
voltage  to  that  of  line  having  maximum 
resistance  to  breakdown 


with  respect  to  D/d.  An  optimum 
ratio  of  1.835  is  thus  obtained, 
which  corresponds  to  a charac- 
teristic impedance  of  36.38  ohms. 

The  calculated  penalty^  in  de- 
creased power-carrying  capabil- 
ity based  on  a constant  tempera- 
ture rise  of  the  inner  conductor, 
for  departing  from  this  optimum 
ratio,  is  shown  on  Fig.  4.  The 
penalty  in  increased  temperature 
rise  of  the  inner  conductor  for 
departing  from  the  ratio  1.835 
will  vary  for  different  condi- 
tions of  inner  and  outer  con- 
ductor emissivity  and  thermal 
properties  of  the  surrounding 
media,  and  therefore  can  be 
evaluated  quantitatively  only  in 
specific  cases.* 


A coaxial  transmission  line 
will  withstand  maximum  applied 
voltage  between  conductors  when 
their  diameter  ratio  is  2.718, 
which  corresponds  to  a char- 
acteristic impedance  of  59.93 
ohms.  This  is  determined  by 
minimizing  the  formula  for  the 
voltage  gradient  at  the  surface 
of  the  inner  conductor,  where 
breakdown  first  occurs,  with  re- 
spect to  D/d.  The  gradient  g in 
volts  per  cm  at  the  surface  of 
the  inner  conductor*  is 

^ d log,  (D/d)  ^ 

where  E is  the  applied  voltage 
and  e is  the  Napierian  base 
(2.718) . The  reciprocal  of  g 
gives  a quantity  which  is  pro- 
portional to  the  ratio  of  the 
breakdown  voltage  of  a line  to 
that  of  a line  having  maximum 
resistance  to  breakdown.  This 
is  plotted  on  Fig.  4 as  a function 
of  the  conductor  diameter  ratio. 

Maximum  power-carrying  cap- 
ability of  a concentric  transmis- 
sion line  occurs  when  the  con- 
ductor diameter  ratio  equals  \/e 
or  1.648,  which  corresponds  to  a 
characteristic  impedance  of 
29.94  ohms*.  This  assumes  that 
the  frequency  is  within  a range 
(usually  below  about  60  me) 
where  voltage  breakdown  rather 
than  overheating  of  the  inner 
conductor  governs  the  maximum 
power  rating  of  the  line.  This 
ratio  is  also  optimum  from  the 
power-carrying  standpoint  at 
higher  frequencies  under  most 
conditions  of  pulsed  operation 
where  the  average  power  is  small 
as  compared  to  the  peak  power. 

In  order  to  calculate  the  maxi- 
mum power-carrying  capability 
ratio,  based  on  a limiting  voltage 
gradient  on  the  inner  conductor, 
we  note  first  that  the  applied 
voltage  across  a transmission 
line  terminated  in  its  character- 
istic impedance  is  a function  of 
the  characteristic  impedance  and 
the  power  P in  the  line : 

E = Vp^  (7) 

But  the  characteristic  impedance 
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as  given  by  Eq.  1 may  also  be 
expressed  as 

Zo  = 60  log.  {D/d)  (8) 

Substituting  into  Eq.  7, 

E = ^IWP  X V log.  (D/d)  (9) 

The  gradient  at  the  surface  of 
the  inner  conductor  for  a given 
applied  voltage  is  given  by  Eq.  6. 
Substituting  the  above  equiva- 
lent for  E into  Eq.  6 we  obtain 
the  following  expression  for  the 
gradient  at  the  surface  of  the 
inner  conductor  for  a given 
power 


2 Veo  P 
d V log.  (D/d) 


(10) 


The  conductor  diameter  ratio 
which  permits  the  transmission 
of  a given  power  with  minimum 
voltage  gradient,  and  hence  max- 
imum power  transmission  when 
voltage  gradient  is  the  limiting 
factor,  is  obtained  by  minimizing 
g,  as  given  in  Eq.  10,  with  re- 
spect to  D/d.  We  then  obtain 
(D/d)  = = 1.648.  The 

square  root  of  the  reciprocal  of 
the  gradient  as  expressed  in  Eq. 
10  gives  a quantity  which  is  pro- 
portional to  the  ratio  of  the 
power-carrying  capability  of  the 
line  to  that  of  a line  having  a 
maximum  capability,  based  on 
minimum  voltage  gradient  on  the 
surface  of  the  inner  conductor. 
This  is  plotted  as  a function  of 
the  conductor  diameter  ratio  in 
Fig.  5. 


Antiresonant  Impedance 

The  maximum  antiresonant 
impedance  of  coaxial  transmis- 
sion line  sections  is  obtained 
when  the  conductor  diameter 
ratio  is  9.185,  which  corresponds 
to  a characteristic  impedance  of 
132.90  ohms.®  The  antiresonant 
impedance  of  a transmission  line 
section  is,  in  general 

ZAR  = Zo/a  (11) 

where  a is  the  attenuation  con- 
stant of  the  line.  Substituting 
the  value  for  Zo  given  by  Eq.  1, 

(12) 

at 


Combining  this  with  Eq.  5 then 
gives 


log^io  (D/d) 
(D/d)  + 1 


(13) 


The  conductor  diameter  ratio 
which  provides  a maximum  anti- 
resonant impedance  for  a line 
section  is  obtained  by  maximiz- 
ing Zjtit  with  respect  to  D/d. 

The  absolute  value  of  the  anti- 
resonant impedance  for  a trans- 
mission line  of  optimum  conduc- 
tor diameter  ratio  (9.185)  may 
be  computed  from 


Zar  = 3,428.82/P  (14) 


where  R is  the  total  resistance  of 
the  line  section. 


Resonant  Impedance 

Minimum  resonant  impedance 
of  a coaxial  line  section  is  ob- 
tained when  the  conductor  diam- 


FIG.  5 — Solid-line  cunre  gives  effect  of 
D/d  on  ratio  of  power-carrying  capa- 
bility of  line  (based  on  voltage  gra- 
dient of  inner  conductor)  to  thot  of  line 
having  maximum  capability.  Dashed- 
line  curve  gives  effect  of  D/d  on  ratio 
of  Q of  line  to  that  of  line  having 
minimum  attenuation 


FIG.  6 — Effect  of  D/d  on  ratio  of  anti- 
resonant impedance  of  line  to  that  of 
line  having  minimum  attenuation 


The  resonant  impedance  of  a 
line  section  is,  in  general, 

Zji  — (X  Zo  (15) 

Substituting  the  value  for  Zo 
given  by  Eq.  1 

Zij  « a logic  (D/d)  (16) 

From  Eq.  5,  a is  proportional  to 
(1/d)  -h  (1/D) /logic  (D/d)  and 
the  resonant  impedance  is  there- 
fore 

Zs  « (D/d)  + 1 (17) 

From  inspection  of  Eq.  17,  Zg 
approaches  a minimum  value  as 
D/d  approaches  unity. 

The  absolute  value  of  the  reso- 
nant impedance  for  a given  set 
of  conditions  may  be  computed 
from 

Zr  = p/2  (18) 

where  R is  the  total  resistance  of 
the  line  section. 

From  inspection  of  Eq.  2 it 
may  be  seen  that  R (and  there- 
fore Zb)  is  minimum  when  d = 
D or  D/d  = 1. 

The  minimum  antiresonant 
and  the  maximum  resonant  im- 
pedance of  a coaxial  transmis- 
sion line  section  is  obtained  when 
the  conductor  diameter  ratio  be- 
comes infinitely  large,  which  cor- 
responds to  an  infinitely  large 
characteristic  impedance.  As 
may  be  seen  from  Eq.  13  and  17, 
this  occurs  when  D/d  becomes 
infinitely  large.  This  is  shown, 
with  respect  to  a line  having 
minimum  attenuation,  on  Fig.  3 
and  Fig.  6. 

Q Ratio 

If  in  a tuned  circuit  the  fre- 
quency is  changed  from  the 
resonant  frequency  by  an 
amount  A/  so  that  the  power  in 
the  circuit  is  reduced  to  half  the 
value  at  resonance  (or  anti- 
resonance) , then 

Q = f/2Af  (19) 

Defining  Q of  resonant  (or 
antiresonant)  transmission  line 
sections  in  the  same  way,® 


eter  ratio  approaches  the  limit- 
ing value  of  unity.  As  the  ratio 
approaches  this  limiting  value 
the  characteristic  impedance  ap- 
proaches zero. 


Q = -^  X (20) 

where  27uZ/X  is  the  angular  length 
of  the  line  section  in  radians  and 
R is  given  by  Eq.  2. 
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The  Q is  maximum  when  R/Zo 
is  minimum,  but  R/Zo  is  pro- 
portional to  the  attenuation  of 
the  line  as  shown  in  Fig.  3 and 
therefore  the  Q is  maximum 
when  D/d  = 3.592. 

The  Q of  a coaxial  transmis- 
sion line  section  is  minimum 
when  the  attenuation  of  the  line 


is  maximum.  As  may  be  seen 
from  Fig.  3,  this  occurs  when 
D/d  approaches  the  limiting 
value,  unity,  and  also  when  D/d 
becomes  infinitely  large. 
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Coaxial-Stub  Filter 


Undesired  signals  in  a coaxial  transmission  line  can  be  attenuated  up  to  30  db  by  con- 
necting two  stubs  to  the  line,  one  for  rejection  and  the  other  to  correct  the  line  imped- 
ance. Graphs  give  approximate  stub  lengths  for  any  interfering  frequency  in  range 

from  20  to  200  me 


COAXIAL  LINE  stubs  often  can 
be  effectively  used  in  trans- 
mitter or  receiver  coaxial  trans- 
mission lines  to  reduce  or  trap 
out  specific  spurious  radiations 
or  interfering  signals.  Stubs  are 
well  worth  trying,  since  they  are 
relatively  inexpensive  and  can  be 
depended  upon  to  furnish  up  to 
30-db  additional  attenuation  to 
an  undesired  signal.  Two  stubs 
are  used,  one  for  rejection  and 
one  for  correction,  as  shown  in 
Fig.  1. 

Receiver  stubs  are  most  easily 
fabricated  from  RG-58/U  solid 
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dielectric  cable.  Where  stubs 
are  to  be  used  to  suppress  trans- 
mitter spurious  radiations,  a 
solid-dielectric  cable  should  be 
used  having  the  same  power- 
handling capacity  as  is  used  be- 
tween the  transmitter  and  its 
antenna.  The  approximate  length 
of  the  rejector  stub  for  the  un- 
desired frequency  can  be  deter- 
mined from  Fig.  2.  A piece  of 
cable  several  inches  longer  than 
that  called  for  should  be  con- 
nected into  the  transmission  line 
as  in  Fig.  1,  as  close  as  practical 
to  the  transmitter  or  receiver. 


Use  a pick  or  other  sharp- 
pointed  instrument  to  short-cir- 
cuit the  outer  shield  to  the  inner 
conductor  at  various  points, 
starting  from  the  outer  end  of 
the  stub  and  working  inward. 
Note  at  which  point  the  short- 
circuit  produces  the  greatest  at- 
tenuation of  the  undesired  signal 
and  permanently  short-circuit 
the  cable  there.  Cut  off  the  ex- 
cess cable.  This  short-circuit  . 
may  be  best  accomplished  by 
collapsing  the  outer  shield 
around  the  center  conductor  and 
soldering  all  around. 


SHIELD  SOLDERED  TO 
CENTER  CONDUCTOR 


TO  ANTENNA  OR 
ANTENNA  CHANGEOVER 
RELAY 

-EXISTING  TRANSMISSION 
LINE 

SHIELD  SOLDERED  TO 
CENTER  CONDUCTOR? 


CORRECTION  STUB 
(^WAVE  ± AT 
DESIRED  FREQUENCY)! 


REJECTION  STUB 
\ WAVE  AT 

‘ INTERFERING  FREQUENCY) 


EXISTING 

TRANSMISSION 

LINE 


'SOLDER  ALL  SHIELDS 
TOGETHER.  SOLDER  ALL 
CENTER  CONDUCTORS  TOGETHER 


Tto  transmitter 

OR  RECEIVER 


FIG.  1 — Method  of  connecting  stubs  is  same  ior  both 
transmitting  and  receiving  lines.  Put  stubs  as  close  as 
possible  to  transmitter  or  receiver 


FREQUENCY  IN  MC 


FIG.  2 — Correction  and  rejection  stub  lengths.  Use  left-hand  scale  in 
connection  with  Fig.  4 to  determine  correction  stub  length,  since  this 
is  longer  or  shorter  than  a quarter-wavelength  at  some  frequencies 
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As  Fig.  3 shows,  the  rejection 
stub  alone  produces  a certain 
amount  of  attenuation  to  the 
undesired  signal.  This  is  be- 
cause it  has  been  tuned  to  be  a 
shorted  half-wave  section  of  line 
at  the  undesired  frequency.  As 
such,  it  presents  close  to  zero 
impedance  to  this  frequency  at 
its  point  of  connection  to  the 
main  transmission  line.  How- 
ever, at  the  desired  frequency, 
the  rejection  stub  will  not  be  a 
shorted  half-wave  section  of  line 
and  will  therefore  present  either 
capacitive  or  inductive  reactance 
to  the  line  and  thereby  cause 
some  degree  of  attenuation  to 
the  desired  frequency.  This 
effect  can  be  overcome  by  adding 
a second  stub  called  a correction 
stub,  as  shown  in  Fig.  1. 

For  various  desired  versus  un- 
desired frequency  conditions,  the 
length  of  the  correction  stub  may 
vary  from  almost  zero  to  one- 
half  wavelength.  The  length  of 
one-quarter  wave  in  solid  dielec- 
tric cable  is  also  plotted  in  Fig. 
2,  to  show  that  the  correction 
stub  will  be  some  value  between 
zero  and  a definite  upper  limit. 
In  this  case,  the  desired  fre- 
quency should  be  used  in  de- 
termining the  length  of  the  cor- 
rection stub.  This  stub  is  tuned 
and  is  permanently  short-cir- 
cuited as  in  the  case  of  the  re- 


%ABOVE OR  BELOW  INTERFER- 
ING FREQUENCY 

FIG.  3 — ^Attenuation  characteristics 
of  stubs 


jection  stub,  except  that  the  tun- 
ing is  done  to  produce  the  least 
attenuation  of  the  desired  signal. 

If  the  correction  stub  were  to 
be  made  exactly  one-quarter 
wave  long  at  the  desired  fre- 
quency, it  would  present  infinite 
impedance  (neither  capacitive  or 
inductive)  to  the  desired  signal. 
While  being  made  shorter  than 
a quarter  wave  it  presents  pro- 
gressively less  inductive  react- 
ance. While  being  made  some- 
what longer  than  a quarter  wave 
it  presents  progressively  less  ca- 
pacitive reactance  to  the  line. 

The  amount  of  reactance  in 
either  case  depends  upon  how 
much  longer  or  shorter  than  a 
quarter  wave  the  correction  stub 
is  made.  This  length  is  auto- 
matically arrived  at  in  the  tun- 
ing procedure  given  above. 

Figure  4 shows  whether  the 
correction  stub  will  be  longer  or 
shorter  than  the  quarter-wave- 
length shown  in  Fig.  2.  To  use 
Fig.  4,  determine  what  relation- 
ship the  interfering  frequency 
bears  to  the  desired  frequency. 
As  an  example,  if  the  desired 
frequency  / is  40  me  and  the  in- 
terfering signal  is  25  me,  the 
interfering  frequency  would  be 
between  0.6/  and  0.75/.  The 
lower  curve  shows  that  in  this 
range  the  reactance  presented  to 
the  line  by  the  rejection  stub  is 


capacitive,  and  ttie  upper  curve 
shows  that  the  correction  stub 
should  present  inductive  react- 
ance and  hence  be  shorter  than  a 
quarter  wave,  or  shorter  than 
the  value  called  for  on  Fig.  2. 
The  correction  stub  is  thus  uti- 
lized to  balance  out  the  react- 
ance presented  to  the  line  by  the 
rejection  stub  at  the  desired 
frequency. 

Correction  Stub  Oetails 

It  is  not  necessary  or  desirable 
to  show  how  many  inches  shorter 
or  longer  than  a quarter  wave 
the  correction  stub  should  be  in 
chart  form,  since  the  precise 
length  will  be  automatically  ar- 
rived at  as  the  stub  is  short- 
circuited  in  the  tuning  process. 
However,  the  upper  curves  in 
Fig.  4 do  give  the  approximate 
length  of  the  correction  stub  in 
terms  of  wavelength.  In  the  ex- 
ample given  above,  these  curves 
show  that  the  corrector  stub  will 
be  less  than  i wave  long.  In  this 
case,  it  is  advisable  to  start  with 
a quarter-wave  length  of  cable 
and  short  it  at  various  points  in 
the  vicinity  of  an  eighth  wave  to 
find  the  exact  point. 

Had  Fig.  4 indicated  the  need 
for  a capacitive  correction  stub 
(greater  than  a quarter  wave 
and  less  than  a half  wave),  it 
would  be  advisable  to  start  with 


0.25f  0.5f  Q75f  If  2f  <» 

INTERFERING  SIGNAL  AS  FUNCTION  OF  DESIRED  FREQUENCY  f 


FIG.  4 — Curves  showing  line  characteristics  with  stubs  in  place,  as  function  of  ratio  of 
interfering  signal  to  desired  signal 
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a half-wave  length  of  cable  and 
probe  through  the  predicted 
point.  Figure  4 is  to  be  used 
chiefly  as  an  aid  in  predicting 
the  length  of  the  correction  stub 
and  to  help  in  visualizing  the  line 
conditions  with  the  stubs  in 
place. 

A word  of  caution  is  advisable 
in  a few  specific  cases.  If  the 


interfering  frequency  is  approx- 
imately i,  1 or  J of  the  desired 
frequency,  stubs  cannot  be  used. 
In  these  cases,  the  rejection  stub 
will  prove  to  be  a full  wavelength 
or  multiple  of  a full  wavelength 
at  the  desired  frequency  and 
will  therefore  present  high  at- 
tenuation to  the  desired  fre- 
quency as  well  as  to  the  interfer- 


ing frequency.  On  the  other 
hand,  if  the  interfering  fre- 
quency is  exactly  twice  the  de- 
sired frequency  a correction  stub 
will  not  be  necessary  since  the 
one-half  wave  rejection  stub  will 
be  an  exact  quarter  wave  at  the 
desired  frequency  and  will  pre- 
sent infinite  impedance  to  the  de- 
sired frequency. 


Reducing  Standing  Waves 


Bilaterally  matched  attenuator, 
interposed  between  load  and 
generator,  reduces  vsw  ratio 
seen  by  generator.  Chart  shows 
what  attenuation  gives  the  re- 
quired reduction 

By  R.  E.  GRANTHAM 

W TTENUATORS  are  often  used  in 
circuits  to  isolate  changes 
of  impedance  from  impedance- 
sensitive  devices  such  as  kly- 
stron oscillators.  Also,  attenua- 
tors are  occasionally  used  in 
transmission  lines  to  reduce  the 
voltage  standing-wave  ratio. 

For  application  at  ultrahigh 
frequencies  and  above,  the  accom- 
panying graph  provides  a con- 
venient means  of  calculating  iso- 
lation effected  by  a given  amount 
of  attenuation.  A condition  for 
the  application  of  the  graph  is 
that  the  attenuator  must  be  bi- 
laterally matched.  That  is,  the 
vswr  must  be  1.00  looking  into 
either  pair  of  attenuator  termi- 
nals if  the  opposite  pair  is  con- 
nected to  an  impedance  having  a 
vswr  of  1.00.  The  attenuator, 
then,  might  be  one  of  the  bilat- 
erally matched  metallized-glass 
units  which  are  commercially 
available  in  both  waveguide  and 
coaxial  transmission-line  types 
or  a suitable  length  of  lossy  coax- 
ial transmission  line  such  as  the 
Army-N?ivy  type  RG-21/U. 

The  accompanying  graph  pre- 
sents a plot  of  the  vswr  looking 
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into  a bilaterally  matched  attenu- 
ator Pa  as  a function  of  both  the 
vswr  of  the  attenuator  termi- 
nating impedance  pr  and  the  at- 
tenuation A,  expressed  in  deci- 
bels, of  the  attenuator. 

Assume  it  is  necessary  to  buf- 


fer an  oscillator  from  its  load  im- 
pedance so  that  frequency 
changes  due  to  changes  in  the 
load  impedance  are  minimized. 
Assume  also  that  the  maximum 
vswr  variation  to  be  tolerated 
by  the  oscillator  is  from  1.00  to 


1.16  and  that  the  load  vswr 
variation  is  from  1.00  to  10.0. 
Entering  the  graph  with  pr  = 
10.0  and  pA  = 1.16,  it  is  found 

that  10.5  decibels  of  attenuation 
is  required. 


Efficiency  of  Mismatched  Lines 

Nomographs  relate  power  transfer  ratio  and  eflSciency  of  extremely  short  trans- 
mission line  to  vswr  and  attenuation,  permitting  quick  determination  of  how 
much  power  actually  reaches  the  transmitting  antenna  or  other  load 

By  H.  M.  SCHLICKE 


Energy  transfer  by  short 
transmission  lines  is  often 
considered  to  be  very  close  to  100 
percent,  on  the  assumption  that 
the  transmission  line  approxi- 
mates an  ideal  non-dissipative 
line  and  the  voltage  standing- 
wave  ratio  (vswr)  approaches  1. 

However,  this  idealization  may 
lead  to  unanticipated  marked 
differences,  even  for  small  devia- 
tions from  the  presumed  condi- 
tions. If,  for  example,  the  load 
causes  a vswr  of  1.5  on  a line 
that  has  an  attenuation  of  only 
0.5  db  and  if  the  input  imped- 
ance of  the  line  is  matched  to  the 
output  impedance  of  the  gener- 
ator, the  efficiency  is  off  11.4 
percent.  If  the  generator  output 
impedance  were  equalized  to  the 
characteristic  impedance  of  the 
line,  the  efficiency  of  the  line 
would  drop  to  85.9  percent.  For 
measurement  purposes,  devia- 
tions of  that  magnitude  are 
hardly  negligible. 

This  situation  deteriorates 
rapidly  for  increasing  attenua- 
tion ai  of  the  transmission  line 
and  for  higher  vswr.  Broad- 
band loads  fed  over  a certain 
length  of  transmission  line  may 
obtain  power  only  in  the  order  of 
magnitude  of  10  to  50  percent. 
Electrically  short  transmitting 
antennas  fed  by  relatively  long 
transmission  lines  without 
matching  transformers  between 


antenna  and  cable  may  be  sup- 
plied with  far  less  than  1 percent 
of  the  power  coupled  in  the  line 
by  the  transmitter. 

Except  for  very  crude  approxi- 
mations, the  efficiency  of  trans- 
mission lines  should  therefore  be 
calculated  and  accounted  for. 
The  purpose  of  the  accompany- 
ing nomographs  is  to  simplify 
these  calculations. 

Definitions 

The  power  transfer  factor  tj* 
holds  if  the  generator  output  im- 
pedance equals  the  characteristic 
impedance  of  the  line.  With  this 
premise,  t;*  is  defined  as  the 
ratio  of  the  power  supplied  to  a 
mismatched  load  to  the  maxi- 
mum power  the  power  source  can 
deliver  to  a matched  load  includ- 
ing transmission  losses. 

The  actual  efficiency  ti  of  the 
transmission  line  is  the  ratio  of 
the  load  power  to  the  power  sup- 
plied to  the  input  terminals  of 
the  line,  and  is  independent  of 
generator  matching.  The  line 
input  is  identical  to  maximum 
generator  power  capacity,  if  gen- 
erator output  impedance  and  line 
input  impedance  are  matched. 

The  factor  tti/tq*  indicates  the 
gain  obtainable  by  matching  the 
generator  to  the  actual  input 
impedance  of  the  line,  instead  of 
matching  to  the  characteristic 
impedance. 


The  vswr,  unilaterally  denot- 
ing the  load,  is  measured  at  the 
load. 

The  attenuation  a,  is  the  neces- 
sary and  sufficient  criterion  for 
the  transmission  line. 

It  is  assumed  that  the  phase 
angle  of  the  characteristic  im- 
pedance of  the  line  is  negligible, 
since  this  condition  holds  for 
practically  all  transmission  lines 
in  use  for  power  transfer. 

The  representation  of  the 
antenna  in  the  cotanh  diagram, 
or  equivalently  in  a Smith  chart, 
means  that  the  antenna,  or  more 
generally  the  load,  is  substituted 
for  by  a hjrpothetical  open-cir- 
cuited transmission  line  possess- 
ing a certain  attenuation  a.,  so 
that  vswr  = cotanh  a„.  In  this 
and  the  following  equations  the 
attenuation  is  measured  in  ne- 
pers. 

In  terms  of  a,  and  a«,  power 
transfer  factor  ti*  and  efficiency 
71  as  defined  above  are  express- 
ible as  follows : 


* _ 2 sinh  2aa 

^ ** 
c 1 a 

(1) 

_ sinh  2ao 

(2) 

sinh  (2ai  + 2oo) 

V _ 1 

n*  1 - « - («»a 

(3) 

Use  of  Nomographs 

Figure  1 serves  to  read  any 
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B A 
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at  in  db 
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FIG.  1 — Combination  two-range  nomograph  for  finding  third 
value  when  any  two  are  known.  Use  all  three  scales 
marked  A together  for  lower  ranges  of  attenuotion  a and 
vswr;  use  scales  marked  B together  similarly  for  higher 
ranges 


FIG.  2 — ^Nomograph  gives  directly  (center  scale)  the  gain 
that  con  be  obtained  by  matching  the  generator  to  the 
actual  input  impedance  of  the  line,  whereas  nomograph 
of  Fig.  1 is  for  matching  generator  to  characteristic  im- 
pedance of  line 


one  of  the  three  determinants 
Tf)*,  a,  and  vswr,  when  two  of 
them  are  known.  It  should  be 
noted  that  only  the  scales  with 
the  same  letter  (A  or  B)  are 
commensurable. 

Figure  2 permits  the  finding 
of  the  multifunctional  relation 
between  t)  and  t)*. 

Though  71  can  be  determined 
by  multiplying  ti*  (Fig.  1)  and 
ti/t)*  (Fig.  2),  Fig.  3 will  often 
be  more  convenient.  The  two- 
letter  designations  of  the  center 
scales  indicate  the  coordinated 
outer  scales. 

Examples 

A transmitter  with  a variable 


output  transformer  and  a capac- 
ity of  100  watts  is  available.  The 
vswr  at  the  load  is  5.  What  maxi- 
mum attenuation  at  of  the  line  is 
tolerable,  if  60  watts  are  re- 
quired in  the  load?  Answer:  t) 
= 60  percent,  hence  from  Fig.  3 
= 1.15  db. 

A transmission  line  of  0.6  db 
attenuation  feeds  an  antenna 
represented  by  vswr  = 2.  What 
is  the  antenna  power  relative  to 
the  maximum  transmitter  power, 
if  (1)  the  transmitter  output 
impedance  equals  the  character- 
istic impedance  of  the  trans- 
mission line,  and  if  (2)  line 
input  and  generator  output  are 
matched  impedancewise?  An- 
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FIG.  3 — Convenient  four-range  nomo- 
graph for  determining  efficiency  of 
transmission  line  directly  when  attenu- 
ation and  vswr  are  known.  Use  scales 
only  in  combinations  indicated 
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swer:  (1)  from  Fig.  1 7|*  = 79.3 
percent;  (2)  from  Fig.  2,  V"*!* 
= 1.1  and  7|  = 87.4  percent.  Note 
that  7)  comes  very  close  to 
=89.2  percent,  the  latter  being 
read  from  Fig.  1 or  Fig.  3 for 


vswr  = 1. 

Under  certain  conditions  the 
efficiency  and  power  transfer 
factor  seem  to  be  considerably 
less  than  the  values  obtained 
from  the  nomographs.  This  is 


due  to  neglecting  losses  in  the 
transmitter  tuning  and  tank  cir- 
cuits; these  losses  must  be  calcu- 
lated independently  as  they  have 
no  relation  to  the  efficiency  of 
the  line  itself. 


Theoretical  Limitations  to  Impedance 

Matching 

By  ROBERT  1.  TANNER 


This  paper  outlines  a procedure 
whereby  the  theoretical  limitations 
to  impedance  matching  of  simple 
circuits  can  be  determined.  It  is 
shown  that  many  antennas  can  be 
represented  with  adequate  accuracy 
by  a simple  RLC  circuit.  Curves 
are  included  which  show  the  rela- 
tion between  attainable  vswr  and  a 
factor  equal  to  (Bandwidth  x Q). 
An  example  is  worked  out  showing 


FIG.  I — Smith  Chart  shows  antenna 
characteristic  before  (dashed)  and  after 
(solid)  compensation 


the  agreement  between  theory  and 
experiment  for  a flush  antenna  with 
a 10-percent  bandwidth. 

The  dotted  line  on  the  Smith 
Chart  (Fig.  1)  is  the  measured  im- 
pedance curve  for  an  antenna 
before  compensation.  Rotation 
through  a section  of  50-ohm  line, 
the  impedance  takes  the  form  of  the 
solid  line  curve.  This  latter  im- 
pedance can  be  quite  accurately  rep- 
resented by  the  equivalent  circuit  of 
Fig.  2A. 


When  the  shunting  susceptance 
of  the  parallel  resonant  circuit  has 
been  subtracted,  the  impedance  fol- 
lows the  curve  defined  by  the  square 
points.  This  curve  represents  the 
series  resonant  circuit  shown  in  the 
figure. 

Inspection  of  the  series  resonant 
impedance  curve  shows  the  circuit 
to  have  a Q of  approximately  15. 
This  is  determined  from  the  defini- 
tion for  Q,  Q = /,/A/,  where  A/  is 
the  frequency  band  between  the 
half-power  frequencies,  and  /,  is 
the  resonant  frequency.  The  half- 
power frequencies  are  the  frequen- 
cies at  which  the  series  resistance 
is  equal  to  the  series  reactance.  In- 
spection of  the  Smith  Chart  shows 


Fano  has  shown^  that  optimum 
matching  to  a simple  series  reso- 
nant circuit  is  achieved  by  a match- 
ing network  of  the  form  shown  in 
Fig.  2B,  which  consists  of  alter- 
nate shunting  parallel  resonant  cir- 
cuits, and  series  circuits. 

When  the  network  to  be  matched 
already  includes,  as  in  this  case,  a 
shunting  circuit  of  smaller  suscept- 
ance than  the  first  element  of  the 
matching  network,  this  susceptance 
can  be  considered  as  being  lumped 
with  the  first  element  of  the  match- 
ing network.  For  such  a condition 
the  match  which  can  be  achieved  is 
the  same  as  when  the  series  circuit 
alone  is  to  be  matched. 


FIG.  2 — ^EqulTolent  drcult  of  antonna 
after  rotation  through  lection  of  lino  (A) 
and  eqidralent  drcnit  (B)  of  antonno 
and  matching  network 


these  frequencies  to  be  approxi- 
mately 216.5  me  and  230  me,  while 
the  resonant  frequency  is  approxi- 
mately 222  me.  Thus 

222 

""  230  - 216.5  ^ 


FIG.  3 — Optimum  matching  to  simple 
resonant  circuit  obtainable  with  net- 
work of  n elements 


The  curves  of  Fig.  3,  which  are 
derived  from  results  obtained  by 
Fano,  give  the  optimum  match  to  a 
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simple  resonant  circuit  which  can 
be  achieved  with  a matching  net- 
work of  n elements.  For  the  present 
example  the  circuit  to  be  matched 
has  a Q of  15.3.  The  fractional 
bandwidth  8 over  which  the  match 
is  required  is  defined  by  the  for- 
mula fi  — fi/Vfafi,  and  in  the 
present  instance  has  the  value 


s 


U-h 
V /2/l 


234  - 214 
V234  X 214 


= 0.0895 


thus  8Q  has  the  value 


5Q  = 15.3  X 0.0895  = 1.37 

Referring  to  the  curves  of  Fig.  3 
we  see  that  the  optimum  match 
which  can  be  achieved  with  a two- 
element  matching  network  (one 
shunt  element  and  one  series  ele- 
ment) results  in  a vswr  of  approxi- 
mately 1.5. 

Fano  shows  that 


In  d/  ^ constant 

where  p = reflection  coefficient. 

A little  study  reveals  an  import- 
ance application  in  this  condition. 
It  shows  that  if  the  optimum  match 
is  to  be  achieved  over  the  band  of 
frequencies  between  A and  A,  then 
the  match  at  any  point  in  that 
range  can  not  be  better  than  the 
optimum.  Thus,  for  example,  if  a 
perfect  match  exists  at  one  point  in 
the  range,  p = 0 at  that  point  and 
1/p  00.  Therefore,  the  contribu- 

tion to  the  integral,  which  repre- 
sents the  area  under  the  curve  In 
l/p,  is  very  large  for  a small  range 
of  frequencies  in  the  vicinity  of  the 
point.  Since  the  value  of  the  in- 
tegral is  bounded,  this  means  that 
the  contribution  at  other  sections 
of  the  range  must  be  small ; that  is, 
1/p  must  be  small,  p large,  and  the 
match  poor. 


The  performance  of  the  antenna 
after  matching  gives  substantial 
confirmation  of  the  theory.  The 
vswr  oscillates  about  the  value  1.5. 
A match  better  than  optimum  at  the 
ends  of  the  band  h^  been  obtained 
at  the  expense  of  a match  poorer 
than  optimum  in  the  center. 

The  foregoing  discussion  applies 
to  impedances  which  can  be  repre- 
sented by  the  circuits  of  the  type 
shown  in  Fig.  2A,  in  which  the 


FIG.  4 — Impedcmce  ciirr*  of  notwork 
which  ccouiot  bo  motchod  to  value 
given  by  Fig.  3 


shunting  element  has  susceptance 
smaller  than  that  required  for  the 
first  element  of  the  optimum  match- 
ing network.  If  the  susceptance  of 
the  shunt  element  is  larger  than 
this  value,  the  excellence  of  the 
match  which  can  be  achieved  is 
poorer  than  the  value  indicated  by 
the  curves  of  Fig.  3.  In  terms  of 
the  impedance  curve  on  the  Smith 
Chart,  too  large  shunt  susceptance 
means  that  the  impedance  curve  of 
the  uncompensated  impedance  is  al- 
ready wrapped  too  tightly  as  shovm 
in  Fig.  4. 


Although  the  example  which  has 
been  considered  in  the  above  discus- 
sion was  a series  resonant  circuit 
shunted  by  a parallel  resonant  cir- 


cs) MATCHING  NETWORK  NETWORK 

TO  BE 
MATCHED 


FIG.  5 — Counterpart  of  impedonce  of 
Fig.  1 for  which  motching  criteria  apply 
Is  shown  in  A.  Associated  matching 
network  is  shown  in  B 

cuit,  the  curves  of  Fig.  3 apply 
equally  well  to  an  impedance  of  the 
type  shown  in  Fig.  5A. 

Furthermore,  all  the  arguments 
which  were  applied  to  the  matching 
of  a series  resonant  circuit  apply 
equally  well  to  the  matching  of  a 
parallel  resonant  circuit  if  react- 
ance is  substituted  for  susceptance, 
and  so  on. 

Thus,  a parallel  resonant  circuit 
is  best  matched  by  a network  such 
as  the  one  shown  in  Fig.  5B  which 
begins  (at  the  load  end)  with  a 
series  element. 

The  match  to  a circuit  such  as  the 
one  in  Fig.  5A  is  only  as  good  as 
is  indicated  by  the  curves  of  Fig.  3 
if  the  reactance  of  the  series  ele- 
ment is  smaller  than  that  required 
for  the  first  element  of  the  optimum 
matching  network  of  Fig.  5B. 

Reference 

(1)  R.  M.  Fano,  “Theoretical  Liimita- 
tions  on  Broadband  Matchingr  o£  Arbitrary 
Impedances,’’  Technical  Report  No.  41, 
MIT  Research  Lab.  of  Mectronics. 
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Graph  for  Smith  Chart 


Workers  concerned  with  r-f  im- 
pedance measurements  have  need 
for  frequent  conversion  of  stand- 
ing-wave ratio  into  reflection  co- 
efficient and  vice  versa.  Generally, 
information  finds  its  way  onto  a 
Smith  chart\  which  may  be  consid- 
ered a polar  plot  of  reflection  coeffi- 
cient kr  in  magnitude  and  phase.  Al- 
though standing  wave  ratio  r„  can 
be  estimated  from  the  normalized 
resistance  circles  on  the  chart,  a 
more  accurate  determination  may 
be  desired.  Particularly  at  high  re- 
flection coefficients,  estimates  of 
standing-wave  ratio  are  extremely 
difficult. 

The  graph  in  Fig.  1 provides  a 
simple  graphical  means  of  obtain- 
ing standing-wave  ratios  up  to  99  in 
terms  of  reflection  coefficient,  or 
vice  versa.  Of  even  greater  con- 
venience is  the  feature  whereby  the 
standing-wave  ratio  may  be  ob- 
tained in  terms  of  transmission 
coefficient  kt.  This  parameter  is 
equivalent  to  the  normalized  dis- 
tance in  from  the  outside  circum- 
ference of  the  chart,  a very  easy 
value  to  use  in  dealing  with  high 
standing-wave  ratios. 

The  graphical  construction  may 
be  prepared  from  memory  whenever 
needed.  All  that  is  required  is  a 
sheet  of  two-cycle  log  paper  and  a 
straight  edge.  The  construction  is 
derived  as  follows. 

The  well-known  formula  for 
voltage  standing-wave  ratio  is  writ- 
ten: 

r.  = (1-f  |A:,|)/(1  - |fc,|)  (1) 

Add  one  to  each  side  of  the  equa- 
tion: 

l-fr.  = (1  + \K\)/{1  - lfc,l)  -f  1 

(2) 

Multiply  by  (1  — |A:,|)  : 

(1  - |A:,|)(1  + r,)  =2  (3) 

Replace  (1  — |A:r|)  by  ifc,|,  the 
transmission  coefficient : 

1^.1  (1  + r.)  = 2 (4) 

Let: 

(5) 


By  R.  L.  LINTON,  JR. 

obtaining  for  Eq.  4 

xy  = 2 (6) 

.This  is  the  equation  for  an  equi- 
lateral hyperbola  in  Cartesian  coor- 
dinates. A hyperbola  plotted  on  log- 
arithmic coordinates  is  a straight 
line  at  45  degrees  to  the  axes.  We 
are  interested  only  in  the  first  quad- 
rant and  in  abscissas  (transmission 
coefficients)  of  unity  and  less.  Fig- 
ure 1 is  a plot  of  such  portion  of  a 
hyperbola  back  to  a;  = 0.02.  The 
abscissas  have  been  labeled  also  in 
units  of  1 — a?  = |fcr]  and  the  ordi- 


nates have  been  labeled  in  units  of 
2/  — 1 = r,  more  useful  than  y 
itself.  The  simple,  easily  con- 
structed conversion  chart  results. 


Reference 

(1)  P.  H.  Smith,  An  Improved  Trans- 
mission Line  Calculator,  Electronics,  p 
130,  Jan.  1944  ; J.  Markus  and  V.  Zeluff, 
“Electronics  for  Engineers,”  McGraw-Hill 
Book  Co.,  New  Tork»  p 326,  1945. 
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FIG.  1 — Groph  giving  voltage  standing-wove  rotio  vs  reflection  coefficient  based 
on  normolixed  rodius  on  Smith  chart.  Groph  also  gives  transmission  coefficient 
based  on  normalized  co-rodius,  often  more  useful 


|fe,!  = 1 — \kr\  = X 
1 + n = y 
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Attenuation  in  Waveguides 

Power-handling  capabilities  and  attenuation  for  the  TEi « mode  in  the  rectangular 
waveguides  adopted  as  standard  by  the  Radio  Manufacturers  Association 


By  HENRY  LISMAN 


IN  A RECTANGULAR  copper  wave- 
guide with  air  dielectric  and  for 
the  TEi.o  mode,  the  attenuation  is 
given  by  the  equation: 

^ copper  “ 

0.01107  2 b\fj  V fJ 

where  acpper  = attenuation  in  db 
per  foot  for  copper  waveguide,  a and 
b are  the  larger  and  smaller  inner 
dimensions  in  cm,  ///„  is  the  ratio  of 
the  frequency  transmitted  to  the 
cutoff  frequency. 

If  a metal  other  than  copper  is 
used,  the  attenuation  given  by  the 
formula  should  be  multiplied  by  a 
constant  which  is  equal  to  the 
square  root  of  the  ratio  of  the  re- 
sistivity of  that  metal  to  the  re- 


sistivity of  copper.  A few  values 
for  commonly  used  materials  are : 
Aluminum.  1.27  Chromium.  1.27 

Brass 2.00  Gold  1.18 

Cadmium . . 2.04  Silver  ....  0.95 

In  the  graph,  there  is  plotted  a 
series  of  curves  showing  the  varia- 
tion of  attenuation,  in  db  per  foot, 
with  frequency  for  the  same  fre- 
quency ranges  used  in  the  power 
curves  described  below. 

The  maximum  continuous-wave 
power  that  a waveguide  can  carry 
for  the  TEi.o  mode  is  given  by 
P = 6.63  (10-^)  ab  (X/X,) 

where  P = maximum  power  for  the 
TEi.o  mode  in  watts,  = maxi- 
mum permissible  voltage  gradient 
(A  value  of  15,000  volts  per  cm  has 
been  assumed),  a and  b are  the 
larger  and  smaller  inner  dimen- 


sions respectively  in  cm,  X/Xp  is  the 
ratio  of  the  free  space  wavelength 
to  that  in  the  guide. 

This  equation  gives  the  theo- 
retical maximum  power  that  a 
waveguide  can  handle  if  the  voltage 
standing-wave  ratio  is  1 and  is  valid 
for  particular  conditions  of  humid- 
ity and  pressure  only.  Further- 
more, the  breakdown  voltage  is 
also  affected  by  initial  ionization, 
gap  width,  pulse  width  and  repeti- 
tion rate  and  surface  points. 

In  the  graph,  there  is  plotted  a 
series  of  curves  showing  variation 
of  maximum  power  that  can  be 
transmitted  through  the  various 
waveguides  with  frequency  for  the 
respective  frequency  ranges  which 
are  obtained  from  the  condition 

that  1.18  < ^ < 1.67. 
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Five-KW  Phase-to-Amplitude  Transmitter 

Phase-to-amplitude  modulation  provides  high-quality  signals  with  1,5-percent  rms  distor- 
tion at  low  and  medium  audio  frequencies  and  2.8  at  7,500  cps.  Total  power  input  to 

transmitter  is  13.5  kw  for  full  output 


Need  arose  at  station  KOH  in 
Reno,  Nevada,  for  a 5-kw  a-m 
transmitter  that  would  fit  into  an 
existing  building  that  was  origi- 
nally designed  to  house  a 1-kw 
transmitter. 

It  was  decided  that  a phase-to- 
amplitude  modulated  transmitter 
would  be  used.  The  5-kw  design 
finally  adopted  resembles,  to  a cer- 
tain extent,  the  50-kw  version  used 
at  KFBK  in  Sacramento,  California, 
with  the  exception  of  a few  simpli- 
fications. These  modifications  in- 
clude the  elimination  of  negative 
feedback  circuits,  the  use  of  a 
simple  phase  modulator  and  trip- 
lers  instead  of  cascaded  phase  mod- 
ulators, and  the  elimination  of  com- 
plex tuning  mechanisms.  Several 
years  of  operating  experience  with 
the  KFBK  transmitter  prove  the 
feasibility  of  screwdriver  tuning 
adjustments.  The  system  used 
differs  from  the  original  one  de- 
scribed by  Chireix  in  the  1935  Pro- 
ceedings of  the  IRE  in  that  more 
straightforward  phase  modulators 
are  employed,  by  the  use  of  quarter- 
wave  final-amplifier  plate-tank  net- 
works and  by  use  of  a simple  pre- 
distorting circuit  to  overcome  the 
inherent  distortion  of  the  system, 
this  inherent  distortion  being  ap- 
proximately five  percent. 

Brief  Theory  of  Operation 

The  transmitter  consists  of  a 
crystal  oscillator,  a buffer  amplifier 
branching  into  two  channels,  two 
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phase  shifters,  two  frequency  trip- 
lers,  two  sets  of  cascaded  class  C 
r-f  power  amplifiers  and  output  cir- 
cuits wherein  the  currents  from  the 
two  phase-modulated  channels  are 
brought  together  resulting  in  the 
production  of  amplitude-modulated 
waves. 

The  output  of  the  buffer  ampli- 
fier divides  into  two  components  of 
equal  amplitude  and  opposite  phase. 
Each  of  these  two  components 
passes  through  a manually-oper- 
ated phase  shifter  and  excites  a 
single  constant-amplitude  phase- 
shift  modulator.  Each  modulator 
drives  a separate  tripler  and  a 
chain  of  power  amplifiers  which  are 
common  to  each  other  only  at  the 
output  of  the  final  amplifier  and 
at  the  grid  circuit  of  the  final  ampli- 
fier where  a compensating  resistor 
for  linearity  adjustment  is  con- 
nected between  the  two  grids. 

The  system  operation  is  such 
that  for  a modulation  trough  the 
two  r-f  channels  are  fed  into  the 
common  load  in  phase  opposition  so 
that  no  output  results.  Over  the 
remainder  of  the  modulation  cycle 
the  two  channels  are  made  to  be 
more  in  phase  in  such  a manner 
that  their  power  outputs  combine  in 
the  common  load  according  to  the 
modulation. 

The  grid  or  plate  voltages  of  the 
two  r-f  channels  will  normally  oper- 
ate at  a phase  angle  of  135  degrees. 
For  conditions  of  100-percent  mod- 


ulation, the  phase  of  one  channel  is 
advanced  22i  degrees  and  the  other 
is  retarded  22i  degrees.  At  this 
instant  the  phase  difference  be- 
tween channels  could  be  180  or  90 
degrees  depending  on  which  chan- 
nel initially  leads  or  lags  the  other. 

When  the  two  channels  are  180 
degrees  out  of  phase  no  voltage  will 
appear  across  Rl  as  illustrated  in 
Fig.  lA.  This  condition  constitutes 
in  effect  a short  circuit  of  the  sink 
ends  of  both  quarter-wave  networks 
shown  in  Fig.  lA.  Then  due  to  the 
impedance-inverting  qualities  of 
the  quarter-wave  networks,  the 
source  ends  of  these  networks  will 
appear  as  very  high  impedances 
and  little  energy  will  be  supplied 
from  the  power  tubes. 

When  the  phasing  conditions  are 
reversed,  100-percent  positive  peak 
modulation  is  obtained.  Each  chan- 
nel then  supplies  energy  to  the  load 
Rl.  Due  to  the  effect  of  the  two 
sources  of  r-f  power  feeding  Rt 
the  resistance  seen  by  each  channel 
at  the  sink  end  of  the  quarter-wave 
network  varies  from  zero  to  four 
times  the  load  resistance  required 
to  obtain  the  correct  carrier  power. 
Then  again  due  to  the  impedance 
inverting  qualities  of  the  quarter- 
wave  networks,  the  power  ampli- 
fiers themselves  look  into  a load 
resistance  which  varies  from  an 
extremely  high  value  to  approxi- 
mately one  quarter  that  encoun- 
tered at  the  135-degree  carrier  con- 
dition. 
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Vector  Diagrams 

Figure  IB  is  a voltage  diagram 
showing  the  phase  relations  of  the 
final  plate  voltages  of  the  two  chan- 
nels at  carrier  (solid  vectors),  at 
modulation  peak  (dashed  vectors) 
and  at  a modulation  trough  (dotted 
vectors).  Inasmuch  as  the  two 
channels  are  connected  to  Rl  in 
shunt  rather  than  in  series,  the 
power  relations  at  the  load  itself 
can  best  be  understood  by  reference 
to  the  current  diagram  of  Fig.  1C. 

It  is  seen  that  the  current  h, 
flowing  through  the  load  is  the 
vector  sum  of  the  two  channel  cur- 
rents /i  and  I2.  When  the  relative 
phase  between  channels  0 is  135 
degrees  the  load  current  is  at  its 
carrier  value.  When  6 is  180  de- 
grees the  load  current  (and  conse- 
quently the  load  voltage)  is  0,  and 
with  0 — 90  degrees,  h has  it  maxi- 
mum value  corresponding  to  a peak 
of  modulation. 

Here  it  also  becomes  evident  that 
inasmuch  as  each  final  tube  delivers 
varying  amounts  of  power  at  a sub- 
stantially constant  r-f  voltage,  the 
phase-to-ampjlitude  system  is  in 
reality  one  of  load-impedance  modu- 
lation. The  load  presented  to  the 
output  terminals  of  the  coupling 
network  of  channel  1 is 

^ El  II  Rl 

IT- 

An  examination  of  Fig.  1C  will 
show  that 

II  = 2 h cos  — |- 
Thus 

\Zl\  = ^2  cos  Rl 

and  varies  from  a short  circuit  at  0 
= 180  degrees  to  \/2  Ri  a,t  0 =:  90 
degrees. 

This  gives  the  absolute  value  of 
the  complex  impedance.  Further 
study  of  Fig.  1 will  show  that  the 
phase  angle,  of  the  impedance,  or 
the  power  factor  angle,  is  0/2.  This 
makes  the  complete  expression  for 
the  load  impedance  as  seen  by  each 
channel 

Zl  = (2  cos  Rl 


or  in  rectangular  form 
Zl  - (2o(w>-|-)  Rl  + 

,(2an-|-eM^) 

Q 

Rl  = 2 Rl  cos*  — h i -Ri  sin  d 

This  shows  that  in  addition  to 
the  desired  resistance  variation 
2i?t  cos*  0/2  there  is  also  introduced 


FIG.  1 — ^Basic  output  schematic  and  vec- 
tor diagrams  show  phose-to-omplitude 
principle 


a reactive  component,  caused  by 
the  circulating  current  common  to 
the  two  tank  circuits.  The  reac- 
tance will  be  inductive  for  one  chan- 
nel and  capacitive  by  an  equal 
amount  for  the  other  channel. 

Unfortunately  these  reactive  com- 
ponents vary  with  the  operating 
angle  0 making  it  impossible  to  bal- 
ance them  out  completely  over  the 
entire  modulation  cycle  by  intro- 
ducing fixed  reactances.  However, 
it  is  evident  that  if  enough  fixed 
reactance  of  the  proper  sign  is 
added  to  each  channel  to  make  the 
power  factor  unity  at,  or  slightly 
below,  the  operating  angle  chosen 
for  the  proper  carrier  power,  the 
power  factor  over  the  remainder  of 
the  modulation  cycle  will  remain 
good  except  near  the  amplitude- 
modulation  troughs  where  low  effi- 
ciency is  of  little  consequence. 

Final  Amplifier 

If  we  assume  that  each  final  tube 
operates  as  a constant  voltage  gen- 


erator, the  power  drawn  from 
either  tube  varies  inversely  as  the 
square  of  cos  0/2.  When  the  oper- 
ating angle  is  chosen  so  that  0/2 
varies  over  the  near-linear  portion 
of  the  cosine  curve,  the  load  imped- 
ance and  power  output  vary  as  the 
square  of  the  angle  of  phase  separa- 
tion, which  is  the  desired  result. 

It  is  also  of  interest  that  in 
actual  practice  the  loaded  Q of  the 
90-degree  final  amplifier  plate-tank 
networks  may  vary  from  20  at 
carrier  to  5 for  a positive  crest  of 
modulation  and  from  20  to  600  or 
so  depending  on  the  inherent  Q of 
the  output  networks  for  a negative 
trough  of  modulation.  For  good 
fidelity,  means  must  be  provided  to 
prevent  the  loaded  Q of  the  tank, 
and  consequently  the  r-f  plate  volt- 
age, from  rising  above  a prede- 
termined value  during  part  of  a 
modulation  cycle.  This  is  accom- 
plished at  KOH  by  biasing  the  final 
amplifier  grids  so  that  plate  cur- 
rent flows  during  a large  portion  of 
the  positive  r-f  grid  driving  half 
cycles,  thus  keeping  the  output 
tanks  loaded  by  the  plate  circuits 
of  the  output  tubes.  Such  proce- 
dure reduces  the  plate  efficiency  to 
approximately  70  percent  at  carrier 
level. 

A further  improvement  in  r-f 
voltage  regulation  is  effected  by  the 
use  of  a compensating  load  resistqr 
R,  connected  between  the  grids  of 
the  final  amplifier  tubes.  When  con- 
ditions of  phasing  between  the  two 
channels  of  the  transmitter  are 
momentarily  more  in  phase  less  r-f 
power  is  dissipated  in  Re.  This 
results  in  an  increase  of  final  am- 
plifier grid  driving  power  at  the 
times  it  is  needed  or  during  positive 
excursions  of  modulation. 

During  negative  troughs  the  re- 
sistor serves  to  reduce  the  driving 
power  and  the  final  amplifier  grid 
bias  voltage.  This  in  turn  reduces 
the  tendency  for  the  final  amplifier 
r-f  plate  voltage  to  rise  during  the 
portion  of  a modulation  cycle  when 
the  final  amplifier  plate  circuits  are 
practically  unloaded.  The  current 
through  R,  varies  approximately  as 
(2  sin  0/2)E,/Re  where  E,  is  the 
rms  r-f  plate  voltage  of  one  driver 
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tube.  A rather  complex  vacuum 
tube  r-f  voltage  regulator  is  used 
on  the  KFBK  50-kilowatt  transmit- 
ter for  the  purpose  of  maintaining 
a constant  r-f  voltage  at  the  plates 
of  the  final  amplifier  tubes. 

Overmodulaiion 

A very  attractive  feature  of  this 
transmitter  not  obtainable  in  other 
transmitters  is  that  it  may  be  heav- 
ily overmodulated  without  attend- 
ant side  band  interference,  since 
the  two  phase-modulated  channels 
can  never  in  practice  be  exactly 
identical  in  power  output.  The 
carrier,  therefore,  will  not  cut  oif 
during  accidental  overmodulation. 
The  positive  peaks  will  continue  to 
rise  until  the  two  phase-modulated 
channels  are  in  phase  or  until  the 
final  amplifier  tubes  are  saturated. 
Measurements  on  the  KOH  trans- 
mitter show  10  percent  rms  distor- 
tion at  110  percent  positive  peak 
modulation.  At  double  the  audio 
input  level  required  for  100  percent 
modulation  the  second  harmonic 
distortion  is  about  100  percent. 

This  may  be  understood  from  an 
inspection  of  Fig.  1C.  Here  22.5- 
degree  phase  excursions  in  the  two 


channels  will  cause  a 180~degree 
out-of-phase  condition  and  a nega- 
tive trough  of  amplitude  modula- 
tion. Any  further  phase  changes 
in  the  same  direction  will  cause  the 
carrier  to  commence  increasing  in 
power.  This  is  a condition  that 
would  change  an  over-all  negative 
feedback  circuit  momentarily  to 
one  of  positive  feedback  with  re- 
sultant oscillation  over  a portion 
of  the  input  audio  cycle. 

This  difficulty  was  minimized  on 
the  KFBK  50-kilowatt  transmitter 
by  inserting  a properly-phased  car- 
rier voltage  into  the  negative  feed- 
back r-f  rectifier.  With  the  amount 
of  carrier  insertion  used  at  KFBK, 
oscillation  will  not  take  place 
until  positive  peaks  of  modulation 
of  approximately  130  percent  are 
exceeded.  The  most  straightfor- 
ward manner  of  eliminating  this 
complexity  is  to  eliminate  the  neces- 
sity for  the  negative  feedback  as 
was  done  in  the  KOH  transmitter. 

Designed  to  operate  without  neg- 
ative feedback,  this  transmitter  has 
a noise  level  of  —59  db  below  the 
100-percent  modulation  level,  an 
rms  distortion  at  100-percent  modu- 
lation of  1.5  percent  at  low  and 


medium  audio  frequencies  and  2.8 
percent  at  7,500  cps.  The  distor- 
tion is  predominantly  of  the  second- 
harmonic  variety,  which  is  difficult 
to  detect  even  with  a trained  ear. 


Conclusion 

A year  of  operation  of  this  trans- 
mitter proves  it  to  be  stable,  reli- 
able and  economical  of  tubes.  The 
total  power  drain  of  the  transmit- 
ter averages  13.5  kilowatts  during 
operation.  Although  it  is  more 
critical  of  original  adjustment  than 
high-level-modulated  transmitters, 
its  economy  of  space,  power  and 
tubes  and  its  excellent  audio  fidelity 
and  its  ability  for  heavy  modulation 
recommend  this  type  of  transmitter 
to  those  stations  having  circuit- 
minded  chief  engineers  and  a flair 
for  economy. 

The  author  wishes  to  thank  F.  E. 
Terman  and  Oswald  G.  Villard,  Jr. 
of  Stanford  University  and  William 
E.  Evans,  Jr,  for  their  invaluable 
assistance  in  the  development  of 
the  phase-to-amplitude  modulated 
transmitters  discussed  in  this 
paper. 


FIG.  2 — Schematic  of  5-kw  phase-to-amplitude  modulation  transmitter.  Two  6AC7's  are  used  as  crystal  oscillator  ond  buffer 
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Instantaneous  Deviation  Control 


Audio  signal  of  an  f-m  transmitter  is  differentiated,  clipped  and  integrated  so  that  the  out- 
put wave  is  identical  to  the  input  except  for  slope  limiting.  Transmitter  frequency 
deviations  are  held  to  definite  limits  determined  by  the  maximum  allowable  slope 


A FEW  YEARS  Ego  the  perform- 
, ance  of  a radio  communica- 
tions system  depended  primarily  on 
two  factors,  the  power  of  the  trans- 
mitter and  the  sensitivity  of  the 
receiver. 

Interference  between  stations  or 
systems  was  no  serious  trouble  be- 
cause their  operating  frequencies 
were  sufficiently  separated  with  un- 
used channels  which  acted  as  guard 
bands.  As  more  services  acquired 
frequency  assignments,  the  number 
of  guard  bands  decreased. 

Concentrated  attention  has  been 
given  to  control  receiver  images 
and  spurious  response,  receiver 
radiation  and  transmitter  harmon- 
ics. The  selectivity  of  receivers  has 
been  greatly  improved.  The  engi- 
neering art  has  reached  a point 
where,  today,  alternate  channels 
can  be  used  successfully  with  adja- 
cent channels  serving  as  guard 
bands.  It  must  be  concluded,  there- 
fore, that  half  the  available  channel 
space  is  being  wasted. 

Phase-modulation  transmitters 
are  particularly  vulnerable  to  over 
modulation.  Without  control,  loud 
voices,  sharp  voices,  transients,  or 
noise  pulses  produce  wide  excur- 
sions of  the  transmitter  frequency, 
extending  the  deviation  into  the 
adjacent  channel  and  even  into  the 
alternate  channel.  For  operation 
on  the  desired  channel,  this  means 
loss  of  intelligibility  and  a decrease 
in  the  signal  to  noise  ratio  as  the 
transmitter  deviates  beyond  the 
pass  band  of  the  receiver.  Adja- 
cent channel  operation  will  not  be 
possible  until  the  frequency  devia- 
tion of  all  transmitters  is  kept 
within  their  assigned  channel. 


By  MARION  R.  WINKLER 

Principle  of  Operation 

In  attempting  to  control  the  fre- 
quency deviation  of  a phase-modu- 
lation transmitter,  it  is  often  cus- 
tomary to  use  conventional  ampli- 
tude compressors.  These  devices 
are  not  instantaneous.  The  attack 
time  is  slow  and  the  device  remains 
paralyzed  after  a transient.  Even 
if  the  audio  amplitude  is  controlled 
the  frequency  deviation  of  the 
transmitter  is  not  controlled  be- 
cause the  frequency  deviation  of  a 
phase-modulated  transmitter  is  a 
function  of  both  the  frequency  and 
the  amplitude  of  the  audio  wave. 

The  desired  answer  to  the  prob- 
lem of  controlling  frequency  devia- 
tion would  be  a device  which  would 
virtually  place  a barrier  or  limit  on 
the  frequency  excursions  caused  by 
the  phase  modulator.  It  is  difficult 
to  place  such  a barrier  on  the  fre- 
quency after  the  radio  waves  have 


passed  through  the  phase  modu- 
lator. However,  if  an  audio  wave  is 
synthetically  produced,  which  would 
graphically  look  like  the  frequency 
deviations  produced  by  the  modu- 
lator, then  barriers  could  be  intro- 
duced which  would  hold  the  ampli- 
tude to  certain  prescribed  limits. 

After  the  audio  wave  has  passed 
through  the  amplitude  limiting  bar- 
riers it  might  be  restored  by  a re- 
versible process  to  its  original  form 
and  delivered  to  the  phase  modu- 
lator. 

The  manner  in  which  this  can  be 
done  is  illustrated  in  Fig.  1.  This 
circuit  provides  instantaneous  de- 
viation control  (IDC).  The  synthe- 
sized wave  is  produced  by  a differ- 
entiation circuit.  This  differentia- 
tor is  a simple  device  consisting  of 
only  a resistor  and  a capacitor. 

As  shown  in  both  the  first  graph 
and  the  second  column  of  illustrated 


FIG.  1 — ^Basic  circuits  illustrating  the  lundamental  principle 
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wave  forms,  the  differentiated  volt- 
age is  proportional  to  both  the 
input  voltage  and  the  frequency; 
more  precisely  it  is  proportional  to 
the  slope  or  steepness  of  the  input 
wave.  Since  the  differentiator  is  a 
gain  losing  device  it  is  usually  de- 


FIG.  2 — Sine  waves  with  various  degrees 
oi  clipping,  before  and  after  integrating 


sirable  to  use  an  amplifier  to  raise 
the  signal  to  a suitable  level  for 
clipping.  This  also  provides  elec- 
tronic isolation,  with  zero  loading 
of  the  differentiator  and  a more 
suitable  source  impedance  for  the 
clipper. 

The  clipper  may  be  a pair  of 
biased  diodes,  also  shown  in  Fig.  1, 
which  become  conducting  when  the 
instantaneous  peak  value  of  the 
differentiated  wave  exceeds  the 
bias.  One  diode  will  clip  positive 
peaks  and  the  other  the  negative 
peaks.  This  is  shown  in  the  illus- 
trated wave  forms  of  clipped  volt- 
age. 

After  the  wave  has  been  operated 
on  by  the  clipper,  the  differentia- 
tion process  can  be  reversed  by 
passing  the  wave  through  an  inte- 
grator circuit.  This  is  also  a simple 
device  consisting  again  of  a re- 
sistor and  a capacitor  as  shown  in 
Fig.  1.  The  second  graph  shows 
the  response  of  the  integrator  cir- 
cuit to  be  inversely  proportional 
to  the  frequency. 

The  output  wave  is  now  identical 
with  the  input  wave  except  for  the 
slope  limiting.  The  transmitter 
frequency  deviations  will  be  held  to 
very  definite  limits  as  dictated  by 
the  maximum  allowable  slope.  The 
third  graph  indicates  the  overall 


fidelity  of  the  instantaneous  devia- 
tion control  circuit  to  be  flat  over  a 
wide  band.  The  usable  bandwidth 
will  depend  on  accepted  tolerances 
and  the  frequencies  that  need  to  be 
controlled. 

The  distortion  caused  by  IDC  is 
quite  small.  This  is  illustrated  in 
the  output  voltage  wave  form 
shown  in  Fig.  1.  Distortion  is 
introduced  only  into  those  wave 
fronts  which  have  a slope  that  ex- 
ceed a predetermined  amount. 
These  distortions  in  general  consist 
of  higher  order  harmonics  which 
fortunately  are  eliminated  by  the 
integrator  to  a point  where  they  are 
readily  tolerated. 

The  distortion  introduced  in  a 
sine  wave  can  best  be  understood 
from  a graphical  study  as  shown  in 
Fig.  2.  A moderate  amount  of  clip- 
ping produces  trapezoidal  waves 
with  curved  sides.  After  integrat- 


ing, the  curved  sides  become  the 
rounded  extreme  of  the  alternating 
current  and  the  flat  top  becomes  the 
straight  line  sides  of  the  same  cur- 
rent. The  rounded  portion  is  iden- 
tical with  the  rounded  part  of  the 
original  sine  wave  before  being  ap- 
plied to  the  differentiator.  From  a 
geometric  standpoint  the  only  dis- 
tortion introduced  has  been  over 
that  part  of  the  sine  wave  which 
had  too  great  a slope. 

Obviously  the  greatest  distortion 
that  can  possibly  exist  would  occur 
when  the  clipper  produces  square 
waves.  The  output  from  the  inte- 
grator would  then  be  a triangular 
wave  having  only  odd  harmonics. 
The  third  harmonic  would  be  l/9th 
of  the  fundamental,  the  fifth  har- 
monic l/25th  of  the  fundamental 
and  other  harmonics  trivial. 

The  distortion  introduced  by  IDC 
into  voice  frequencies  does  not  lend 
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itself  quite  so  well  to  such  a simple 
analysis.  Many  voice  frequencies 
are  quite  peaked  and  jagged  and 
can  pass  through  the  IDC  circuit 
without  having  their  intelligence 
content  seriously  altered  yet  the 
transmitter  frequency  deviation 
may  be  reduced  by  a large  margin. 
The  voice  level  between  syllables  is 
usually  lower  and  experiences  little 
or  no  clipping.  It  is  therefore  pos- 
sible to  provide  greater  deviation 
for  the  lower  voice  levels  or  greater 
overall  average  deviations  without 
exceeding  the  desired  or  authorized 
deviation  limits. 

Commercial  Equipment 

In  making  a practical  application 
of  IDC  to  a transmitter  there  are  a 
number  of  considerations  which 
may  dictate  the  final  design. 

Size)  cost,  power  drain,  the  fidel- 
ity desired  and  the  range  of  offend- 
ing frequencies  will  affect  the 
choice  of  components  and  circuits. 
The  type  of  differentiator,  clipper, 
or  integrator  may  vary  consider- 
ably from  the  one  illustrated  in 
Fig.  1. 

Figure  3 is  the  circuit  diagram 
of  a fixed  station  IDC  unit.  Differ- 
entiation is  accomplished  by  the 
capacitor  Ci  and  the  resistor  i?,. 
The  clipper  circuit  differs  from 
that  previously  described. 

The  combined  diodes  are  fed  a 
constant  direct  current.  Normally 
half  this  current  goes  through  each 
diode.  Any  small  signal  variation, 


positive  or  negative,  applied  to  the 
cathode  of  the  input  diode,  will 
normally  cause  the  same  variation 
at  the  cathode  of  the  output  diode. 
The  diodes  therefore  serve  to  con- 
duct the  variations  from  input  to 
output.  However,  if  large  varia- 
tions of  signal  are  applied  at  the 
input,  the  first  diode  will  become 
nonconducting  on  positive  peaks 
and  the  second  will  become  noncon- 
ducting on  negative  peaks. 

Integration  is  accomplished  by 
the  capacitor  (7*  and  the  resistor  Rz. 
The  clipping  level,  or  the  deviation, 
is  adjusted  by  a potentiometer  reg- 
ulating the  diode  current.  The 
volume  level  is  adjusted  at  the  input 
where  no  interaction  exists  between 
it  and  deviation.  A resistor  shunt- 
ing Cl  affords  some  bass  compensa- 
tion. The  output  is  pushpull. 

Figure  4 is  the  circuit  diagram 
of  a unit  useful  for  mobile  applica- 
tion because  of  its  low  cost,  small 
space  requirements  and  low  power 
drain. 

This  unit  is  designed  to  accom- 
modate a carbon  microphone  in  the 
input  and  deliver  a balanced  or 
pushpull  output  for  the  grids  of  the 
phase  modulator  tubes.  No  ampli- 
fication is  used  within  the  circuit 
and  clipping  is  performed  with 
germanium  crystal  diodes.  Differ- 
entiation is  performed  with  the 
Ci-Ri  and  Ct-Ra  circuits;  integra- 
tion with  the  C2-R2  and  Ct-Ri  cir- 
cuits. 


Performance 

When  the  action  of  an  IDC  cir- 
cuit is  observed  on  an  oscilloscope 
connected  to  the  discriminator  of 
a good  f-m  receiver,  the  voice  wave 
seems  to  strike  an  invisible  barrier 
even  when  subjected  to  20  or  30  db 
overload.  The  barrier  remains  fixed 
even  when  subjected  to  sudden 
bursts  of  signal  or  transients. 
There  is  no  attack  time  or  paraly- 
sis, it  is  instantaneous.  This  makes 
close  talking  possible  thereby  reduc- 
ing background  noise.  It  tolerates 
a wide  range  of  audio  level. 

The  control  prevents  transmit- 
ters on  nearby  channels  from  spill- 
ing over  into  the  pass  band  of  sys- 
tem receivers.  But  more  important 
is  the  fact  that  it  holds  the  system 
transmitted  frequency  within  the 
associated  receiver  bandpass  re- 
sponse, permitting  a higher  average 
modulation  level.  This  results  in 
an  increased  signal-to-noise  ratio 
and  improved  reception  in  fringe 
area  operation. 

Adjacent  channel  operation  in  the 
mobile  field  is  now  a requirement 
and  it  is  axiomatic  that  deviation 
control  is  necessary.  Since  IDC 
is  quite  simple,  economical,  and 
fool  proof,  it  is  destined  to  see  wide 
application. 

Acknowledgement  is  due  John 
Hultquist  who  was  the  first  to  try 
the  idea,  and  others  who  have  con- 
tributed the  commercial  develop- 
ments. 


Improving  Program-Limiter  Performance 

Use  of  delay  limiter  described  prevents  sideband  splatter  on  crowded  a-m  broadcast 
channels  effectively  and  economically.  Fringe  area  reception  is  improved,  overmodula- 
tion peaks  are  reduced  in  number  and  total  modulation  energy  is  greater 

DONALD  W.  HOWE,  JR. 


CERTAIN  BROADCAST  peak-limit- 
ing amplifiers  are  often  unsat- 
isfactory on  the  present  crowded 
and  competitive  a-m  broadcast 
channels  where  sideband  splatter 


has  to  be  prevented  to  avoid  inter- 
ference with  nearby  adjacent-chan- 
nel stations  and  maximum  program 
level  is  imperative  for  effective 
coverage. 


As  far  as  coverage  is  concerned, 
it  would  be  possible  simply  to  ad- 
just the  limiter  output  to  the  100- 
percent  modulation  point  and  to  in- 
crease the  input  to  get  a high  aver- 
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set  so  that  the  pulse  tube  is  com- 
pletely nonconducting  except  for 
sudden  increases  in  program  level. 
An  oscilloscope  on  the  diode  bias 
of  the  standard  limiter  is  useful. 

A desirable  form  of  pulse  is 
shown  in  Fig.  2 in  relation  to  a 
suddenly  increased  500-cycle  signal 
out  of  the  delay  line.  The  single 
panel  control  shown  in  the  photo- 
graph is  the  input  to  the  bias  ampli- 
fier i2i.  This  control  in  practice  pro- 
vides an  adjustment  of  the  aver- 
age compression  carried  and  is  set 
to  zero  when  making  over-all  noise 
and  distortion  measurements. 

The  oscillogram,  Fig.  2,  shows 
that  the  pulse  starts  only  a few 
degrees  after  the  signal  goes 
through  zero  in  a direction  such 
as  to  produce  negative  modulation. 
If  the  polarity  of  the  standard  sig- 
nal were  reversed,  making  the  first 
large  peak  in  such  a direction  as  to 
produce  negative  modulation,  the 
pulse  would  start  only  a few  de- 
grees after  the  previous  zero.  In 
this  case,  the  pulse  reaches  its  peak 
of  32  volts  about  30  degrees  or  0.17 
millisecond  before  the  peak  of  the 
input  signal  to  the  limiter.  The 
bias  on  the  limiter  diodes  is  then 
decreased  from  its  normal  75  volts 
to  43  volts. 

If  the  bias  voltage  during  a pulse 


is  X volts,  limiting  action  will  start 
when  the  instantaneous  value  of  the 
input  signal  is  a;/75  of  the  normal 
peak  threshold  value  and  should  be 
complete  by  the  time  the  first  peak 
is  reached.  Successive  pulses  after 
the  first  are  unnecessary  and  per- 
haps undesirable  since  they  reduce 
the  steady-state  output  below  the 
normal  value.  The  oscillogram  is 
not  long  enough  to  show  the  com- 
plete disappearance  of  these  pulses 
when  the  slow  age  has  reduced  the 
gain  of  the  input  6L7. 

Performance 

The  unit  has  been  used  in  con- 
junction with  a Raytheon  limiter 
amplifier  and  listener  response  has 
been  gratifying.  In  many  fringe 
areas  where  the  measured  field 
strengths  of  other  stations  are 
2 or  3 times  the  strength  of  WARE, 
we  have  been  reported  as  the  loud- 
est signal  on  the  band.  This  is 
probably  due  not  so  much  to  the 
fact  that  the  output  of  the  limiter 
can  be  set  3 or  4 db  higher  without 
overmodulation  as  it  is  due  to  the 
reduction  of  dynamic  range  by  the 
compressor.  Since  the  service  area 
of  a class  II,  III  or  IV  station  is 
protected  from  interfering  co- 
channel signals  only  in  excess  of 
—26  db  (20  to  1 field  strengths), 


there  is  not  much  point  in  pre- 
serving a dynamic  range  of  more 
than  20  db.  The  time  constant  of 
the  automatic  gain  control  of  the 
6L7  input  stage  serves  to  bring 
the  weaker  portions  of  a program 
out  of  the  mud  and  in  general  leads 
to  greater  listener  satisfaction. 

A more  scientific  test  was  made 
with  a ten-minute  taped  program. 
It  was  played  through  once  using 
the  • standard  limiter  alone  and 
again  using  the  complete  equip- 
ment. Thirty  overmodulation  peaks 
as  indicated  by  the  modulation 
monitor  flashing  lamp  were  ob- 
served in  the  former  case,  and  only 
three  using  the  delay  line  limiter. 
Furthermore,  the  totaL  modulation 
energy  as  indicated  by  a thermal 
integrating  wattmeter,  was  53  per- 
cent greater  than  for  the  standard 
limiter.  In  both  cases  the  limiter 
amplifier  was  operated  with  5-db 
maximum  limiting  and  when  the 
delay  limiter  was  used  its  average 
compression  was  6 db  in  addition. 

A simultaneous  oscillogram  of 


FIG.  8 — Program  performance  of  delay 
limiter  showing  accelerating  pulses  for 
10  to  15-db  limiting 


output  signal  and  pulse  voltage 
when  the  unit  was  operated  on  pro- 
gram with  more  than  10  db  peak 
limiting  is  interesting,  as  shown 
in  Fig.  8.  Note  that  practically 
none  of  the  negative  signal  peaks 
exceed  the  100-percent  modulation 
line  but  that  many  peaks  extend 
above  the  100-percent  positive  mo- 
dulation line.  Since  the  limiter  ac- 
tion is  designed  to  anticipate  nega- 
tive modulation  peaks  only,  positive 
overshoot  may  be  expected.  Proper 
choice  of  input  signal  polarity  when 
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plished  by  a pulse  circuit,  as  shown 
in  Fig.  6. 

A block  diagram  of  the  whole 
device,  Fig.  5,  will  perhaps  best 
explain  its  operation.  The  heart  of 
the  circuit  is  the  0.25-millisec- 
ond delay  line,  representing  with 
lumped  constants,  a distortionless 
telephone  line.  The  number  of  ele- 
ments determine  the  cut-olf  fre- 
quency, about  27,000  cycles  here. 

To  make  up  for  the  delay  line 


losses,  an  additional  stage  was 
added  and  this  provided  an  oppor- 
tunity to  provide  compression  to 
aid  the  peak  limiting.  The  bias  am- 
plifier, fed  from  the  cathode  of  the 
6L7,  supplies  the  age  bias  and  a 
monitoring  output,  as  well  as  sup- 
plying undelayed  signal  to  operate 
the  pulse-forming  circuit  shown  in 
Fig.  6. 

In  the  pulse-forming  circuit,  the 
’1N56  and  its  R-C  load  provide  a 
voltage  for  the  grid  of  one-half  a 
6SN7,  which  follows  the  envelope 
of  the  signal  at  least  on  the  in- 
creasing side.  For  any  steady  sig- 
nal level  the  6SN7  is  at  or  near  cut- 
off by  virtue  of  its  high  bias  resis- 
tor. On  any  sudden  increase  in 
signal,  however,  the  tube  will  con- 
duct until  the  0,5-/tf  cathode  capaci- 
tor is  charged,  dragging  down  the 
diode  bias  of  the  standard  limiter 
before  the  peak  of  the  delayed  sig- 
nal reaches  the  output  of  the 
limiter.  No  attempt  was  made  to 
use  full-wave  rectification  but  po- 
larities were  carefully  chosen  so 


that  this  speed  up  acts  on  the  nega- 
tive modulation  peaks.  A few  peaks 
above  100-percent  positive  modu- 
lation cause  no  harm.  As  additional 
insurance  against  negative  over- 
modulation, an  adjustable  clipper 
is  used  which  does  not  operate  on 
any  steady-state  signal  but  only 
before  the  6L7  gain  is  automatically 
reduced.  Even  then  the  tops  of 
high  peaks  are  not  really  clipped 
but  only  rounded. 


Three  time  constants  are  used 
to  provide  correct  operation  with 
all  types  of  program  material. 
First,  the  standard  peak  limiter  has 
essentially  zero  attack  time,  and 
its  release  time  is  usually  set  about 
0.25  second.  Second,  the  6L7  age 
has  an  attack  time  of  approxi- 
mately one  second,  controlled  by  the 
0.25-/if  capacitor  and  its  2-meg- 
ohm charging  resistor.  Recovery 
time  is  twice  as  long.  Third,  when 
a high  level  continues  for  several 
seconds,  the  4-A‘f  capacitor  be- 
comes charged,  preventing  full-gain 
recovery  for  ten  or  fifteen  seconds. 

Adjustment  and  Operation 

Figure  7 shows  the  complete  dia- 
gram of  the  added  unit  used.  The 
adjustment  of  the  input  signal  level, 
input  to  bias  amplifier  controlled  by 
Ri,  age  voltage  controlled  by  and 
the  bias  on  the  pulse  amplifier  con- 
trolled by  R:,  are  somewhat  inter- 
related and  must  be  adjusted  with 
care.  It  was  found  that  the  highest 
signal  received,  —20  db,  would  al- 


FIG. 4 — General  type  of  standard  limiter 
circuit  for  adapting  to  delay  limiter 


FIG.  5 — Block  diagram  of  delay  limiter 


FIG.  6 — Pulse-forming  circuit  used  in 
delay  limiter 


low  a compression  of  12  db  with 
no  more  than  2-percent  distortion. 
The  meter  in  the  cathode  circuit 
of  the  6L7  provides  a measure  of 
compression  once  calibrated. 

Flatness  of  age  characteristic  is 
controlled  by  R..  A high  setting  of 
R^  requires  a high  setting  of  the 
input  voltage  from  R^.  Since  a com- 
pression action  rather  than  a limit- 
ing action  is  wanted  here,  R.,  should 
be  set  low  enough  to  give  a gradual 
gain  reduction.  Finally  Ra  may  be 


FIG.  3 — Performance  of  a factory-adjusted  standard  peak  limiter  to  a sudden  6-db 
increase  above  threshold. 
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set  so  that  the  pulse  tube  is  com- 
pletely nonconducting  except  for 
sudden  increases  in  program  level. 
An  oscilloscope  on  the  diode  bias 
of  the  standard  limiter  is  useful. 

A desirable  form  of  pulse  is 
shown  in  Fig.  2 in  relation  to  a 
suddenly  increased  500-cycle  signal 
out  of  the  delay  line.  The  single 
panel  control  shown  in  the  photo- 
graph is  the  input  to  the  bias  ampli- 
fier i2i.  This  control  in  practice  pro- 
vides an  adjustment  of  the  aver- 
age compression  carried  and  is  set 
to  zero  when  making  over-all  noise 
and  distortion  measurements. 

The  oscillogram,  Fig.  2,  shows 
that  the  pulse  starts  only  a few 
degrees  after  the  signal  goes 
through  zero  in  a direction  such 
as  to  produce  negative  modulation. 
If  the  polarity  of  the  standard  sig- 
nal were  reversed,  making  the  first 
large  peak  in  such  a direction  as  to 
produce  negative  modulation,  the 
pulse  would  start  only  a few  de- 
grees after  the  previous  zero.  In 
this  case,  the  pulse  reaches  its  peak 
of  32  volts  about  30  degrees  or  0.17 
millisecond  before  the  peak  of  the 
input  signal  to  the  limiter.  The 
bias  on  the  limiter  diodes  is  then 
decreased  from  its  normal  75  volts 
to  43  volts. 

If  the  bias  voltage  during  a pulse 


is  X volts,  limiting  action  will  start 
when  the  instantaneous  value  of  the 
input  signal  is  a;/75  of  the  normal 
peak  threshold  value  and  should  be 
complete  by  the  time  the  first  peak 
is  reached.  Successive  pulses  after 
the  first  are  unnecessary  and  per- 
haps undesirable  since  they  reduce 
the  steady-state  output  below  the 
normal  value.  The  oscillogram  is 
not  long  enough  to  show  the  com- 
plete disappearance  of  these  pulses 
when  the  slow  age  has  reduced  the 
gain  of  the  input  6L7. 

Performance 

The  unit  has  been  used  in  con- 
junction with  a Raytheon  limiter 
amplifier  and  listener  response  has 
been  gratifying.  In  many  fringe 
areas  where  the  measured  field 
strengths  of  other  stations  are 
2 or  3 times  the  strength  of  WARE, 
we  have  been  reported  as  the  loud- 
est signal  on  the  band.  This  is 
probably  due  not  so  much  to  the 
fact  that  the  output  of  the  limiter 
can  be  set  3 or  4 db  higher  without 
overmodulation  as  it  is  due  to  the 
reduction  of  dynamic  range  by  the 
compressor.  Since  the  service  area 
of  a class  II,  III  or  IV  station  is 
protected  from  interfering  co- 
channel signals  only  in  excess  of 
—26  db  (20  to  1 field  strengths), 


there  is  not  much  point  in  pre- 
serving a dynamic  range  of  more 
than  20  db.  The  time  constant  of 
the  automatic  gain  control  of  the 
6L7  input  stage  serves  to  bring 
the  weaker  portions  of  a program 
out  of  the  mud  and  in  general  leads 
to  greater  listener  satisfaction. 

A more  scientific  test  was  made 
with  a ten-minute  taped  program. 
It  was  played  through  once  using 
the  • standard  limiter  alone  and 
again  using  the  complete  equip- 
ment. Thirty  overmodulation  peaks 
as  indicated  by  the  modulation 
monitor  flashing  lamp  were  ob- 
served in  the  former  case,  and  only 
three  using  the  delay  line  limiter. 
Furthermore,  the  totaL  modulation 
energy  as  indicated  by  a thermal 
integrating  wattmeter,  was  53  per- 
cent greater  than  for  the  standard 
limiter.  In  both  cases  the  limiter 
amplifier  was  operated  with  5-db 
maximum  limiting  and  when  the 
delay  limiter  was  used  its  average 
compression  was  6 db  in  addition. 

A simultaneous  oscillogram  of 


FIG.  8 — Program  performance  of  delay 
limiter  showing  accelerating  pulses  for 
10  to  15-db  limiting 


output  signal  and  pulse  voltage 
when  the  unit  was  operated  on  pro- 
gram with  more  than  10  db  peak 
limiting  is  interesting,  as  shown 
in  Fig.  8.  Note  that  practically 
none  of  the  negative  signal  peaks 
exceed  the  100-percent  modulation 
line  but  that  many  peaks  extend 
above  the  100-percent  positive  mo- 
dulation line.  Since  the  limiter  ac- 
tion is  designed  to  anticipate  nega- 
tive modulation  peaks  only,  positive 
overshoot  may  be  expected.  Proper 
choice  of  input  signal  polarity  when 
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positive  and  negative  peaks  are  un- 
equal may  result  in  considerable  in- 
crease in  volume  level. 

Further  Derelopment 

Oscillograms  taken  with  the 
standard  test  signal  were  some- 
what disappointing  in  that  they 
showed  an  overshoot  for  a small 
fraction  of  a cycle.  Increased  de- 
lay may  be  necessary  here  or  per- 


haps the  pulse  circuit  should  be  fed 
from  a cathode  follower  to  avoid 
output  transformer  phase  shifts. 

To  prevent  a transient  rattle  in 
the  limiter,  it  is  essential  that  the 
gain-controlled  tubes  be  balanced 
for  small  and  large  signals  as  well 
as  for  static  current.  Individual 
cathode  and  screen  adjustment  to- 
gether with  means  for  detecting 
dynamic  balance  are  being  installed. 


A useful  addition  would  be  some 
means  of  selecting  the  polarity  of 
the  incoming  signal  such  that  the 
larger  peak  would  always  give  posi- 
tive modulation.® 
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Audio-Input  Limiter  for  Mobile  F-M 

By  LAWRENCE  C.  FULLER,  JR. 


Inexpensive  and  compact,  the 
audio-input  limiter  described  pro- 
vides modulation  limiting  for  mo- 
bile f-m  transmitters.  It  permits 
maximum  coverage  for  a given 
power  by  providing  100  percent 
modulation  without  the  dangers  of 
adjacent  channel  interference  and 
receiver  distortion  from  overmodu- 
lation. The  limiter  avoids  the  dis- 
‘tortion  introduced  by  conventional 
circuits  and  may  be  used  in  public 
address  systems  to  prevent  acoustic 
feedback.  Its  application  is  re- 
stricted to  use  with  a carbon  micro- 
phone. 

Basic  Circuit 

The  microphone  shown  in  Fig.  1 
receives  direct  current  from  the  B 


FIG.  1 — Basic  audio-limiter  circuit 


supply  through  Vi  in  series  with 
the  primary  of  the  audio  transfor- 
mer. Capacitor  Ci  completes  the 
audio  circuit  consisting  of  the 
microphone  and  transformer  pri- 
mary. With  no  signal  into  the 
microphone,  the  current  is  set  to  a 


given  level.  The  audio  signal  is 
stepped  up  by  the  transformer  to  a 
higher  level,  which  in  some  cases  is 
sufficient  to  modulate  the  transmit- 
ter without  further  amplification. 
Part  of  this  audio  compohent  is  am- 
plified by  the  triode  section  of  V, 
and  rectified  by  the  diode,  causing  a 
negative  voltage  to  appear  at  the 
grid  of  Fi  proportional  to  the  aver- 
age audio-signal  level  entering  the 
microphone.  The  louder  the  audio 
signal,  the  more  negative  the  bias. 


FIG.  2 — Limitor  drcuh  with  audio  am- 
plifier 


consequently,  the  less  current  will 
be  supplied  to  the  microphone. 
Since  the  output  of  the  microphone 
is  proportional  to  the  direct  current 
through  it  below  saturation,  the 
output  is  reduced  and  limiting  ac- 
tion obtained.  For  example,  if  cur- 
rent is  reduced  to  5 ma  by  an  audio 
signal,  and  the  signal  increased  20 
db,  the  microphone  current  will  be 
further  reduced  to  0.5  ma  maintain- 


ing constant  output. 

Audio  Amplifier 

Since  the  audio  current  is  not 
amplified  before  reaching  the  mod- 
ulator tube,  there  is  no  chance 


FIG.  3 — Cunres  show  effect  of  amplifier 
in  limiter  circuit 


for  the  introduction  of  microphon- 
ics. If  amplification  were  necessary, 
it  would  be  done  at  a high  audio 
level  as  shown  in  Fig.  2 and  the 
gain  would  probably  be  smalL  The 
distortion  contributed  by  this  cir- 
cuit depends  on  the  quality  of  the 
transformer  and  can  easily  be  made 
negligible.  The  carbon  microphone 
is  left  as  the  only  source  of  noise 
and  distortion.  The  limiting  action 
is  good  and  curves  are  shown  in 
Fig.  3. 

The  attack  and  decay  time  is  de- 
pendent on  the  time  constants  of 
Ri,  Ca  and  the  diode,  and  can  be  ad- 
justed to  give  satisfactory  results. 
First  syllable  of  a word  following  a 
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pause  will  over-modulate.  This  is 
not  very  noticeable  and  is  unim- 
portant to  intelligibility. 

With  phase  modulation,  it  is  de- 


sirable to  limit  proportional  to 
frequency  as  well  as  the  amplitude 
of  the  audio  signal.  This  may  be 
done  by  making  a differentiating 


circuit  of  Ri  and  C*  which  will  cause 
V2  to  amplify  the  high  frequencies 
more  than  the  low  frequencies. 


Simple  Deviation  Limiter 

By  VIRGIL  M.  BRITTAIN 


To  LIMIT  the  frequency  deviation 
produced  by  a phase-modulated 
transmitter,  it  is  necessary  to  limit 
the  slope  of  the  audio-frequency 
wave  applied  to  the  phase  modu- 
lator. 

A method  of  slope  limiting  which 
consists  of  differentiating  the 
audio-frequency  wave,  clipping  the 
voltage  peaks  from  that  wave,  and 
then  integrating  the  clipped  wave, 
was  described  in  a recent  article.^ 

A somewhat  simpler  method  of 
slope  limiting  which  is  suitable  for 
use  as  a deviation  limiter  in  phase- 
modulated  transmitters  is  illus- 
trated in  Fig.  1.  This  method  uses 
neither  differentiating  nor  inte- 
grating circuits,  and  the  circuit  loss 
is  comparatively  low  when  limiting 
does  not  occur. 

The  principle  of  operation  of  the 
device  depends  upon  the  current 
and  voltage  relationships  in  a ca- 
pacitance. These  are  expressed  by 
the  equation  i = C (de/dt). 

In  the  equation,  it  is  seen  that 
the  current  and  the  derivative  of 
the  voltage  wave  are  linearly  re- 
lated. Since  the  derivative  of  the 


voltage  wave  is  the  slope  of  the 
voltage  wave,  the  maximum  value 
of  the  slope  may  be  limited  by 
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FIG.  1 — ^Bosic  circuit  ior  limiting  current 
to  a copacitor 


simply  limiting  the  current  flowing 
in  the  capacitance  to  an  appropri- 
ate maximum  value.  This  leads 
to  a basic  circuit  as  shown  in 
Fig.  1. 

A practical  form  of  the  circuit 
is  shown  in  Fig.  2.  The  constants 
of  the  circuit  are  such  that  the  twin 
diode  is  actually  a current  limiter ; 
current  limiters  such  as  this  are 
frequently  used  to  produce  a clipped 
voltage  wave  by  passing  the  limited 
current  through  a resistive  net- 
work and  utilizing  the  voltage  de- 
veloped across  a resistor  by  the 


limited  current;  however  in  this 
case  it  can  be  shown  by  means  of 
an  oscilloscope  that  clipped  voltage 
waves  do  not  exist  in  the  circuit. 

When  no  limiting  occurs,  the  out- 
put voltage  is  only  slightly  less  than 
the  input  voltage,  and  there  is  very 
little,  if  any,  phase  shift  in  the 
circuit. 

The  device  functions  very  satis- 


FIG.  2 — Practical  circuit  of  deviation 
limiter 


factorily  in  limiting  deviation  in  a 
phase-modulated  transmitter  of  the 
type  used  for  mobile  radiotelephone 
service. 
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Transistor  Frequency-Modulator  Circuit 

Use  of  transistor  in  frequency-modulation  circuit  saves  a-c  filament  power,  reduces  size 
and  weight,  requires  less  a-f  driving  power  and  reduces  d-c  power  requirements.  Distortion 
in  transistor  frequency  modulator  can  be  kept  as  low  as  in  tube  modulators 

By  L.  L.  KOROS  AND  R.  F.  SCHWARTZ 


Transistors,  since  their  intro- 
duction several  years  ago, 
have  successfully  been  applied  in 
many  circuits  originally  designed  to 
operate  with  vacuum  tubes.  Ex- 
perimental work  described  here 
shows  suitability  of  transistors  for 
use  as  frequency  modulators. 

The  control  element  of  the 
transistor  in  this  application  is  the 
emitter  as  in  conventional  amplifier 
circuits.  The  controlled  element  is, 
however,  the  internal  impedance  of 
the  collector-base  path.  Measure- 
ments on  transistors  show  that 
the  internal  collector  impedance 
changes  between  broad  limits  if  the 
voltage  and  the  current  are  changed 
slightly  between  the  emitter  and 
base.  The  measurements  further 
show  that  instead  of  the  internal 
collector  impedance  being  purely 
resistive,  it  is  actually  complex  for 
some  values  of  emitter  current. 

In  some  transistors  the  reactive 
component  of  the  collector  im- 
pedance changes  its  value  from  in- 
ductive to  capacitive  as  the  emitter 
current  is  changed.  In  other 
transistors  the  sign  of  the  internal 
collector  impedance  remains  the 
same  within  the  range  of  emitter 
currents  used. 

The  wide  variation  of  internal 
collector  impedance  is  used  to  pro- 
duce frequency  modulation  in  an 
oscillator  circuit.  A conventional 
tube  circuit  is  used  for  the  oscilla- 
tor. The  production  of  frequency 
modulation  by  resistance  changes 
has  been  proposed  before"  ^ These 
methods  use  the  variable  internal 
plate  resistance  of  tubes  and  some 
resistance-transforming  means  for 
coupling  variable  reactive  elements 
to  an  oscillator  tank. 


Circuit  Details 

The  circuit  used  for  the  tran- 
sistor frequency  modulator  is 
somewhat  simpler.  Figure  1 shows 
the  diagram  of  the  experimental 
setup.  The  collector  circuit  of  the 
transistor  is  fed  with  direct  current 
through  r-f  choke  L.  A capacitor, 
Cfc,  not  greater  than  about  1/10 
of  the  oscillator  tank  capacitor, 
couples  the  collector  to  the  oscillator 
tank.  The  emitter  circuit  is  biased 
to  class  A amplifier  service.  The 
audio  input  is  applied  to  the  emitter 
circuit  through  series  resistance  R. 
This  resistance  reduces  distortion 
caused  by  the  nonlinear  character- 
istic of  the  emitter  circuit.  The 
transistor  cannot  develop  an  audio- 
output voltage  in  the  collector-load 
circuit,  even  if  the  collector  current 
is  varied,  because  r-f  choke  L acts 
as  a short-circuit  for  the  audio 
output.  The  audio  signal  applied 
to  the  emitter,  however,  varies  the 
collector  resistance  between  broad 
limits  at  an  audio-frequency  rate. 
Coupling  capacitor  C*  is  coupled 
to  the  tank  through  the  variable 


internal  collector  resistance  of  the 
transistor  and  the  ground  return. 
The  r-f  choke  in  parallel  with  the 
collector  represents  a high  r-f  re- 
actance and  can  be  neglected. 

The  coupling  capacitor  draws 
more  or  less  capacitive  current 
from  the  tank  according  to  the  in- 
stantaneous value  of  the  transistor 
internal  collector  resistance.  This 
produces  a frequency  modulation. 
The  oscillator  tank,  however,  is 
loaded  through  C*,  with  a variable 
resistance,  which  is  the  internal 
collector  resistance.  This  variable 
loading  effect  produces  some  ampli- 
tude modulation.  By  proper  selec- 
tion of  the  oscillator  tank  capacitor, 
Ct,  which  should  be  of  low  react- 
ance, the  amplitude-modulation 
effect  of  the  variable  collector  re- 
sistance can  be  kept  below  any  de- 
sired value.  A high  value  of  react- 
ance for  the  tank  capacitor  is 
needed,  however,  to  produce  a large 
frequency  deviation  for  a given  col- 
lector resistance  variation.  A sound 
compromise  is  possible  between 
these  contradictory  requirements. 


FIG.  1 — Transistor  frequency  modulator  provides  low-distortton 
modulation  with  low  d-c  and  a-f  power  input  requirements. 
Signal  frequencies  up  to  1.5  me  may  be  used 
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Figure  2 shows  a typical  static 
linearity  curve  for  a transistor  fre- 
quency modulator  operating  at 
1.03-mc  carrier  frequency.  During 
the  static  deviation  measurements 
the  flow  of  modulation  current  was 
simulated  by  varying  the  emitter 
bias-current  resistor.  Also  shown 
in  Fig.  2 is  the  amplitude  variation 
of  the  frequency-modulated  oscilla- 
tor tank. 

Figure  3A  shows  the  equipment 
used  to  test  the  deviation  and  static 
linearity  of  the  circuit.  The  signal 
from  the  oscillator  under  test  is 
picked  up  on  a communications  re- 
ceiver (with  c-w  oscillator  on)  and 
the  receiver  output  frequency  devi- 
ations are  measured  by  comparison 
with  a calibrated  audio  signal  gen- 
erator using  Lissajous  figures. 

The  circuit  of  Fig.  1 was  tested 
for  its  dynamic  performance  with  a 
400-cycle  modulating  signal.  This 
was  done  by  applying  the  audio  sig- 
nal to  the  a-f  input  terminals  and 
observing  the  output  by  means  of  a 
discriminator  and  wave  analyzer. 
Two  6SH7  limiter  stages  preceding 
the  6H6  discriminator  seemed  to 
give  sufficient  limiting  for  all  signal 
levels  encountered  in  this  work  and 
assured  a linear  output  response 
of  ±2.5  volts  d-c  for  ±5,000-cps 
frequency  variation  with  a 0.05-volt 
rms  frequency-modulated  input. 

A distortion  analysis  of  the  mod- 
ulator was  made  for  three  different 
values  of  deviation.  Figure  3B 
shows  graphically  the  relationship 
between  the  input  voltage  and  the 
deviation  for  one  of  the  transistors 
investigated.  The  results  of  the 
distortion  analysis  are  shown  in 
Table  I.  The  distortion  components 
were  read  on  the  wave  analyzer 
at  the  discriminator  output. 

A measurement  on  the  audio 
oscillator  indicates  that  for  the 
maximum  deviation  setting  shown 
in  Table  I,  and  for  a resistive  load 
of  the  same  order  of  magnitude  as 
that  represented  by  the  modulator 
circuit,  the  output  distortion  of  the 
audio  oscillator  was  0.3  percent 
rms.  For  output  settings  corres- 
ponding to  the  lower  inputs  used, 
the  distortion  is  so  low  as  to  be  con- 


sidered negligible.  No  correction 
was  used,  therefore,  on  the  data  of 
Table  I.  Figure  3C  shows  the  plot 
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FIG.  2 — Curves  show  linearity  oi  modu- 
lation characteristics  and  effect  of  mod- 
ulation on  oscillator  output  amplitude 


tor  frequency  modiilator  is  shown  in  A. 
Resulting  curves  for  a typical  transistor 
are  given  in  B and  C 

of  overall  distortion  versus  devia- 
tion for  the  transistor  considered 
here.  The  audio-frequency  re- 
sponse of  the  transistor  modulator 
was  measured  and  is  substantially 
constant  from  20  to  15,000  cps  for 
all  of  the  transistors  investigated. 


The  data  given  in  Table  I and 
Fig.  3C  show  that  for  a ± 0.1-per- 
cent deviation  of  the  carrier  fre- 
quency, which  is  the  upper  limit 
required  in  the  f-m  services,  the 
distortion  was  reasonably  low.  The 
interpolated  value  was  only  1 per- 
cent rms.  Figure  3B  shows  that  the 
input  voltage  to  the  modulator  to 
obtain  this  deviation  was  also  low. 
The  ± 0.1-percent  frequency' devia- 
tion was  achieved  with  about  0.008 
volt  rms  input.  The  input  resist- 
ance of  the  emitter  circuit  with  a 
610-ohm  series  resistor  R was  about 
650  ohms.  For  maximum  deviation 
the  input  requirement  of  the  modu- 
lator with  the  linearizing  resistor 
was  therefore  about  — 40db  (0  level 
1 milliwatt) . The  input  without  lin- 
earizing resistor  was  —66  db.  The 
input  requirement  showed  fluctua- 
tions in  the  order  of  6 db  from 
transistor  to  transistor. 

Internal  Collector  Resistance 

Two  equivalent  circuits  of  the 
modulator  are  shown  in  the  insert 
in  Fig.  4.  Any  collector  reactance  is 
included  in  C,.  This  form  of  repre- 
sentation does  not  follow  the  real 
situation  because  the  coupling  ca- 
pacitor has  a predetermined  value 
and  the  changing  element  is  the  col- 
lector impedance.  It  is  more  con- 
venient, however,  to  separate  the 
resistive  and  reactive  elements  into 
two  groups  and  to  consider  the 
modulator  as  a series  or  parallel 
combination  of  a capacitor  and  re- 
sistor. The  equivalence  of  the 
series  and  parallel  representation  is 
expressed  by 

where  X,  and  X,  are  the  reactances 
of  C,  and  C,  respectively  at  the 
oscillator  frequency. 

For  practical  purposes,  the  data 
which  can  be  measured  directly  by 
the  easiest  method  are  C,  and  AC„ 
the  change  of  C,.  Resistance  R, 
can  be  measured  by  a Q-meter,  and 
C,  and  R,  can  be  computed. 

From  Eq.  1 and  2 
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n n Xp^  + -Bp® 

B,* 

(3) 

It  — R 

Z,*  + B,* 

(4) 

The  frequency  deviation 
expressed  by 

A/  is 

(5) 

If  it  is  found  that  the  calculated 
C,  = Ct,  which  is  the  coupling  ca- 
pacitor actually  used,  the  internal 
collector  impedance  is  purely  resis- 
tive and  its  value  is  identical  with 
R..  If,  however,  it  is  found  that 
C,  is  less  than  C*  it  means  that  the 
internal  collector  impedance  can  be 
represented  by  a resistor  and 
capacitor  in  series.  If  C.  is  greater 


FIG.  4 — Curves  show  relationship  be- 
tween emitter  current  and  other  circuit 
Toriobles  for  two  lonns  of  eqitivalent 
dratit 

than  C*  the  internal  collector  im- 
pedance can  be  represented  by  a 
series  combination  of  a resistance 
and  inductance. 

The  technique  used  to  measure 
C„  AC,  and  R,  consists  of  the  de- 
termination of  the  Q of  the  network 
formed  by  the  internal  collector  im- 
pedance and  the  coupling  capacitor 
Cx  connected  in  series.  The  fre- 
quency modulator  part  of  Fig.  1 is 
coupled  to  the  Q-meter  at  X and  Y. 
The  inductance  of  the  Q-meter,  for 
obtaining  the  most  exact  figures, 
should  be  chosen  lower  than  recom- 
mended for  normal  use  of  the  in- 


strument at  the  same  frequency,  in 
order  to  make  the  Q reading  on  a 
convenient  range  on  the  meter.  If 
lower  inductance  is  used  it  is  neces- 
sary to  add  capacitors  in  parallel  to 
the  variable  capacitor  of  the  Q- 
meter  to  tune  the  circuit  to 
resonance  at  the  investigated  fre- 
quencies. The  techniques  of  the 
measurement  are  as  follows:  (1) 
Tune  the  Q-meter’s  variable  capaci- 
tor to  maximum  Q-reading,  before 
the  transistor  is  inserted  in  its 
socket.  Read  Q,  and  C..  (2)  Plug 
in  the  transistor  and  select  differ- 
ent emitter  current  values  /,.  (3) 
Tune  the  Q-meter’s  variable  capac- 
itor to  maximum  Q-reading  again 
with  each  7,  setting  and  read  the 
Q(/,)  and  the  changes  on  the  Q- 
meter  capacitor  AC,.  From  the 
Q readings  for  the  different  emitter 
currents,  R,  is  computed  as 


, _ QMI.) 

” Qo-Q(I,) 


Xl 


(6) 


where  Xi.  is  the  reactance  of  the 
Q-meter  coil  used.  To  minimize 
errors  due  to  distributed  capaci- 
tances and  lead  inductances,  the 
transistor  socket  with  the  coupling 
capacitor  Ct  and  the  r-f  feed  choke 
L was  built  as  a compact  unit  which 
was  directly  plugged  into  the  term- 
inals of  the  Q-meter.  A photo- 
graph of  this  frequency  modulator 
unit  is  shown. 

The  curves  of  Fig.  4 show  the 
values  of  C„  R,,  C,  and  R,  as  func- 
tions of  the  emitter  current  at  1.03 
me  for  one  transistor.  The  experi- 
mental data  are  presented  in  Table 
II.  The  values  of  the  collector  cur- 
rent Ic  are  also  shown  in  the  same 
figure.  The  values  of  C,  and  Q 
were  measured,  and  the  values  of 
Rp,  €,  and  R,  were  calculated  from 
Eq.  6,  3 and  4.  The  reactive  com- 
ponent of  the  internal  collector  im- 
pedance is  represented  by  X„.  The 
computation  of  X,,  was  done  with 
the  expression  X,,  = Xe»  — X, 
where  Xci,  is  the  reactance  of  the 
coupling  capacitor  and  X,  is  the 
reactance  of  C,  at  the  r-f  carrier 
frequency.  As  Fig.  4 shows,  the 
value  of  the  reactive  component  Xc, 
was  found  to  be  low  compared  with 
R..  Nevertheless,  it  had  an  influ- 


ence on  the  frequency  deviation. 
Reactance  changed  in  this  case 
from  inductive  to  capacitive  values. 
There  were  found,  however,  tran- 
sistors where  Xc,  was  even  smaller 
and  the  internal  collector  impedance 
was,  for  the  main  part,  resistive.  It 
was  also  found  that  the  collector 
resistance  and  reactance  depended 
upon  the  electrical  history  of  the 
transistor.  In  the  investigated  cases, 
however,  if  the  transistor  showed 
amplification  properties,  the  fre- 
quency-modulation property  also 
was  present. 

Figure  4 shows  that  a large  vari- 
ation of  the  resistive  component  of 
the  collector  impedance,  about  600 
to  6,000  ohms,  takes  place  for  only 
a small  change  of  the  order  of  one 
milliampere  in  emitter  current. 
Since  the  emitter  resistance  is  of 
the  order  of  100  ohms,  only  a small 
input  power  is  required  for  a rela- 
tively large  change  in  collector  re- 
sistance, as  we  have  previously  seen. 
Such  a variation  is  an  interesting 
feature  which  makes  the  transistor 
especially  useful  as  a frequency 
modulator. 

The  transistor  frequency  modu- 
lator may  introduce  some  jittering 
of  the  oscillator  frequency  due  to 
instability  of  the  transistor  con- 
stants and  to  temperature  changes. 
If  the  center  frequency  of  the  oscil- 
lator is  stabilized  by  means  of  a dis- 
criminator and  standard  frequency 
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FIG.  5 — ^By  careful  choice  of  transistors, 
operating  frequency  of  frequency  mod- 
ulotor  con  be  extended  up  to  10  mo 

source,  as  is  the  standard  practice 
for  broadcast  transmitters,  a consid- 
erable part  of  the  effect  of  transis- 
tor instability  is  eliminated. 

Modulating  Higher  Frequencies 

The  relatively  low  output  power 
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of  the  frequency-modulated  oscil- 
lator cannot  be  considered  as  a limi- 
tation of  the  system,  because  the 
frequency  multiplier  stages  amplify 
and  multiply  the  r-f  excitation  to 
the  necessary  power  level  to  excite 
the  f-m  power  amplifier  tube. 

To  obtain  information  about  the 
capability  of  the  transistors  to 
modulate  oscillators  at  higher  fre- 
quencies, several  transistors  were 
tried  with  the  previously  described 
Q-meter  method  at  frequencies  be- 
tween 1 and  10  me.  Figure  5 repre- 
sents typical  experimental  data. 
Table  III  shows  the  measured 
values. 

The  emitter  current  limits  of  0.46 
ma  to  1.22  ma  (with  the  correspond- 
ing collector  current  units  of  0.74 
ma  to  0.86  ma)  were  selected  to 
produce  high  Cp  changes  around  the 
linear  response  part  of  the  fre- 
quency-modulation characteristic. 
The  Rf  values  were  computed  again 
by  Eq.  4.  The  changes  of  Rp 
(^Rp)  are  represented  also  in  Fig. 
5.  The  sign  of  AEp  indicates  whether 
the  parallel  resistance  value  is 
going  down  with  increasing  emitter 
current,  in  which  case  AiZp  is  shown 
as  positive,  or  going  up,  in  which 
AEp  is  shown  as  negative.  This 
increasing  or  decreasing  character 
depends,  in  the  case  of  one  investi- 
gated transistor,  upon  the  applied 
frequency.  In  the  case  of  another 
transistor,  Rp  decreased  with  in- 
creasing emitter  current  for  all 
frequencies  between  1 and  10  me. 

Figure  6 shows  that  this  tran- 
sistor unit  with  the  coupling  ca- 
pacitor of  47  fifd  has  a reason- 
ably high  AC7p  value,  and  conse- 
quently has  frequency  modulation 
capability  up  to  2.5  me.  The  be- 
havior of  the  transistors  is  not  uni- 
form at  higher  frequencies.  It  is 
too  early  to  say  what  is  the  upper 
frequency  limit  of  the  transistor  in 
f-m  service.  Of  course  the  flexibil- 
ity of  the  modulator  will  be  higher 
if  the  oscillator  frequency  can  be 
increased.  Otherwise,  at  least  one 
more  frequency  multiplier  stage 
must  be  used.  This  additional 


Table  I — Overall  Measured  Distortion 


Input  Voltage 
to  Modulator 
(rms  volts) 

Deviation 
(db  cps) 

Distortion  Components  of 
400-cps  modulating  tone 

Overall 
Distortion 
(rms  %) 

Harmonic 

% Fund. 

0.0132 

1,350 

2nd 

0.979 

3rd 

0.769 

4th 

0.419 

5th 

1.32 

0.0330 

2,850 

2nd 

1.91 

3rd 

0.800 

4th 

0.450 

5th 

2.12 

0.0460 

3,900 

2nd 

3.62 

3rd 

0."75 

4th 

0.  30 

5th 

0.337 

3.72 

Table  II — Measurement  of  Collector  Variables 


(ma) 

Ic 

(ma) 

<? 

Cq* 

Cp 

(mmQ 

Rp 

(KUohms) 

c, 

(mmQ 

R. 

(Kilohms) 

Xco 

(Kilohms) 

106** 

177 

0 

Before  inserting  transistor 

0.46 

0.74 

55 

165 

12 

7.37 

48.4 

5.55 

-fO.09 

0.58 

0.78 

50 

155 

22 

6.12 

51.1 

3.48 

-fO.26 

0.75 

0.81 

54 

142.5 

34.5 

7.12 

48.2 

2.02 

-f0.08 

0.96 

0.84 

62.5 

136 

41 

9.84 

47 

1.26 

0 

1.22 

0.86 

70 

134.5 

42.5 

13.35 

45.7 

0.92 

-0.09 

1.64 

0.86 

75.5 

134.5 

42.5 

16.98 

44.4 

0.74 

-0.19 

* Cq  is  the  reading  of  variable  capacitor  in  Q-meter.  A fixed  capacitor 
was  used  parallel  to  Co  to  tune  the  10-microhenry  coil  to  1.03  me. 

**  The  first  line  represents  Qo,  the  others  Q (/*). 


Table  III — ^Measurement  of  Frequency  Response 


• / 
(me) 

Coil 

(Mh)  j 

Q (0.46) 

Q (1.22) 

Cq  (0.46)* 
(M/if) 

Cq  (1.22)* 
(/i/if) 

*♦ 

\jp 

(/i/if) 

A Cp 
(/i/if) 

1.03 

10 

55 

70 

165 

134.5 

12 

30.5 

2 

5 

60 

39 

204 

175 

4 

29 

3 

1 

56 

42 

261 

243 

3 

18 

4 

1 

71 

40 

268 

255 

13 

5 

1 

72 

32 

126 

120 

2 

6 

7.5 

1 

71 

21 

418 

414 

2 

4 

10 

1 

59 

20 

225 

225 

1 

0 

* Cq  (0.46)  and  Cq  (1.22)  represent  readings  of  variable  capacitor  in  Q-meter 
at  0.46  and  1.22-ma  emitter  currents. 

*♦  Cp  is  capacitor  value  represented  by  transistor  at  0.46-ma  emitter  current. 
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stage  might  also  be  necessary  for 
high-power -transmitters  due  to  the 
low  oscillator  power.  As  transistor 
development  advances  and  the  sim- 
ilarity between  units  becomes 


greater,  the  reasonable  upper  fre- 
quency limit  and  oscillator  tank 
voltage  limit  for  the  transistor 
frequency  modulator  can  be  deter- 
mined. 
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Extending  Linear  Range  of  Reactance 

Modulators 


Large  frequency  deviation  can  be 
obtained  directly  from  a frequency 
modulated  oscillator  by  interposing 
a stage  of  amplification  between 
the  oscillator  tank  and  the  grid  of 
the  reactance  tube. 

Principle  of  Operation 

In  the  basic  reactance  tube  fre- 
quency modulated  oscillator,  a var- 
iable reactive  current  Ik  whose 
magnitude  is  controlled  by  the  mod- 


FIG.  1 — Basic  reactance  modulators 


ulating  signal  is  supplied  through 
a reactance  tube  to  the  tank  circuit. 
The  oscillator  tube  supplies  a con- 
stant in-phase  current  h to  the 
tank  circuit  as  shown  in  Fig.  1. 
Under  these  conditions  the  instan- 
taneous frequency  is 

t = i 

^ 2ir[L{C  -I-  I«/2wfE)Y/^ 

where  L is  the  inductance  of  the 
tank,  C is  its  capacitance,  and  E 
is  the  voltage  across  it.  If  the  res- 
onant frequency  of  the  tank  circuit 
is 

fo  = l/27r(LC)i/* 

the  deviation  frequency  approxi- 
mates 

A/  = /-/„«  - InliwEC 
which  shows  that  the  extent  of  the 
deviation  is  directly  proportional 
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to  the  reactive  current  supplied  by 
the  reactance  tube. 

In  conventional  reactance  tube 
f-m  oscillators  /«  is  obtained 
by  shifting  the  phase  of  the  tank 
circuit  voltage  as  near  as  possible 
to  90  degrees  by  a resistance-re- 
actance circuit,  and  using  this  volt- 
age to  control  the  reactance  tube. 
Unfortunately  considerable  attenu- 
ation is  associated  with  the  phase- 
shifting  network,  so  that  the  /« 
available  from  the  reactance  tube 
is  small  in  comparison  to  the  volt- 
age across  the  tank  circuit.  The 
frequency  deviation  that  can  be 
produced,  especially  at  vhf,  despite 
the  greatest  possible  L/C  of  the 
tank  circuit,  is  small.  The  oscillator 
must  often  be  followed  by  several 
multiplier  and  converter  stages  to 
yield  the  necessary  frequency  devi- 
ation. 

The  introduction  of  an  amplifier 
before  or  after  the  phase  splitter 
makes  possible  greater  deviation. 
Because  the  phases  in  this  amplifier 
affect  the  stability  of  the  oscillator, 
only  one  stage  can  usually  be  used. 

Circuit  Simplification 

The  simplest  arrangement  is  to 
use  the  dynamic  plate  resistance  of 
the  amplification  tube  as  the  re- 
sistance of  the  phase  shifter  as  is 
done  in  Fig.  2A.  If  this  tube  has 
a high  plate  resistance,  the  voltage 
appearing  across  the  reactance  is 
shifted  nearly  90  degrees.  This  re- 
actance can  be  either  an  inductance 
or  a capacitance.  The  reactive  cur- 
rent delivered  to  the  tank  circuit 
can  be  modulated  by  changing  the 


effective  mutual  conductance  of  one 
or  more  of  the  tiibes  associated 
with  it. 

At  very  high  frequencies  only 
the  tube  capacitances  need  be  used 
for  the  reactive  component  of  the 
phase  shifter.  At  higher  frequen- 
cies the  transit  time  in  the  re- 
actance tube  can  supply  the  90  de- 
gree phase  shift  so  that  a single 
transit-time  reactance  tube  re- 
places the  two  tubes.  Otherwise  the 
effect  of  transit  time  can  be 
counteracted  by  adjustment  of  the 
phase  shifter. 

The  circuit  can  be  simplified  still 
further  by  using  the  oscillator  tube 


OSCILLATOR  AND  REACTANCE  TUBE 


FIG.  2 — Improved  f-m  oscillators 


simultaneously  as  the  reactance 
tube  as  shown  in  Fig.  2B. 

Practical  Execution 
To  obtain  the  largest  possible 


576 


ELECTRONICS  FOR  COMMUNICATION  ENGINEERS 


frequency  deviation  with  good  sta- 
bility, it  is  necessary  to  limit  the 
amplitude  of  operation  to  the  linear 
portion  of  the  grid  characteristic 
of  the  amplifier.  A crystal  diode 


FIG.  3 — Typical  experimental  reiulte 


can  provide  this  limiting. 


The  fact  that  the  tank  circuit  ca- 
pacitance is  distributed  over  the 
several  tubes  of  the  system  must 
be  taken  into  consideration.  If,  at 
vhf,  the  inductances  of  the  tube  con- 
nections are  too  near  that  of  the 
tank  circuit,  and  the  reactance  tube 
supplies  a strong  reactive  current, 
oscillation  may  be  unstable.  This 
condition  can  be  avoided  by  increas- 
ing the  inductance  of  the  tank  cir- 
cuit, decreasing  the  tube  capac- 
itances, and  decreasing  the  induct- 
ances of  the  connections,  possibly 
by  concentrating  all  the  tubes  in 
one  envelope. 

Using  the  oscillator  tube  as  the 


reactance  tube  also,  and  using  low 
transconductance  tubes,  linear  de- 
viation and  constant  amplitude  of 
Oscillation  were  obtained.  Figure 
3 shows  typical  experimental  re- 
sults. At  frequencies  where  the  re- 
actances are  concentrated  in  the 
tank  circuit,  frequency  deviations 
of  10  percent  of  the  mean  fre- 
quency can  be  obtained  with  reason- 
ably magnitude.  Even  in  the  uhf 
range  frequency  deviations  com- 
monly obtained  at  lower  frequencies 
can  be  produced,  so  that  the  mean 
frequency  can  be  regulated  with- 
out inertia  in  a wide  range  by  su- 
perimposing a control  voltage  on 
the  modulating  voltage. 


Frequency  Modulator 


A NEW  METHOD  for  obtaining  fre- 
quency modulation  combines  sev- 
eral components  of  a frequency 
modulator  into  one  unit.  The  usual 
reactance-tube  frequency  modulator 
comprises  a (1)  reactance  tube,  or 
tubes  if  push-pull,  (2)  double  diode 
demodulator,  and  (3)  inverse  feed- 
back loop  for  linearity  and  mid- 
frequency control.  These  three 
units  can  be  combined  into  a single 
unit  giving  the  circuit  of  Fig.  1. 
In  the  composite  circuit  the  control 
discriminator  is  working  on  the  os- 
cillator frequency,  not  on  a lower 
frequency. 

Circuit  Behavior 

Disregarding  L,  and  C,  the  cir- 
cuit acts  as  a class-C  Hartley  oscil- 
lator. As  such,  each  grid  receives 
one  impulse  every  cycle.  Relatively 
high  grid  resistances  limit  peak 
grid  voltages  practically  to  cathode 
potential. 

At  resonance  the  vector  potential 
across  and  Ca  is  at  right  angles 
to  the  one  across  Li  and  Ci,  thus, 
although  each  grid  receives  one  im- 
pulse per  cycle,  these  two  voltages 
are  phased  differently.  Figure  2A 
shows  the  vector  diagram  for  the 
case  of  perfect  resonance.  There 
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FIG.  1 — ^Fre<iueney  medulotioii  is  produesd 
by  tlds  rimpls  drcuit 


are  two  plate  current  pulses  per 
cycle,  one  advanced  by  the  same 
angle  that  the  other  is  retarded 
relative  to  the  phase  condition  of 
the  tank  circuit  of  Li  and  Ci.  The 
circuit  is  in  equilibrium  when  the 
tube  is  oscillating  at  resonance. 

If  an  a-f  voltage  is  applied  in 
push-pull  to  the  two  grids  through 
Rl  and  R„  it  alternately  increases 
and  decreases  the  angle  of  flow  on 
either  side  of  the  tube.  The  contri- 
bution on  either  side  of  the  tube 
towards  the  total  plate  current  thus 
has  its  phase  shifted  back  and  forth, 
resulting  in  frequency  modulation. 

Simultaneously,  a voltage  is  es- 
tablished across  Rt  and  Rt  that 
tends  to  counteract  the  modulating 
voltage,  thus  providing  negative 
feedback.  The  voltage-frequency 


characteristic  of  the  circuit  is 
therefore  essentially  independent 
of  tube  characteristics,  depending 
only  on  the  discriminator  curve  of 
LiCi  and  LJC»  shown  in  Fig.  2B. 

Design  Considerations 

The  system  works  best  if  coup- 
ling between  Li  and  Ls  reduces  the 
phase  shift  in  the  primary  to  eero 
in  the  neighborhood  of  resonance, 
which  is  accomplished  with  0.50 
transitional  coupling.  Choosing  L* 
three  to  four  times  Li  will  give  best 
results.  If  coupling  is  too  high,  the 
circuit  can  oscillate  at  either  of  two 


FIG.  2 — (A)  Grid  voltagM  or*  aymmatrl. 
cally  displaced  in  phase  by  action  of  rese. 
nont  circuits  of  Fig.  1.  (B)  Applicatioii  of 
a-f  os  shown  in  Fig.  1 produces  frequency 
modulotion.  Volues  on  coordinates  show 
magnitudes  that  con  be  expected 
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in  one  circuit  operating  at  about  10 
me  the  output  was  78  me.  Such  an 
arrangement  will  give  full  fre- 
quency deviation  with  only  a carbon 
micophone  in  the  primary  of  the 
modulation  transformer. 

The  same  or  a very  similar  cir- 
cuit can  be  used  as  an  f-m  phono- 
graph pickup.  For  reception,  the 
circuit  can  be  operated  as  a discrim- 
inator as  shown  in  Fig.  3 wherein 
it  also  acts  as  limiter,  amplifier,  and 
squelcher.  It  is  essentially  an  oscil- 
lator that  falls  in  step  with  the  in- 
coming signal.  Audio  frequency  is 
recovered  in  push-pull  from  the  two 
plates. 


Miller-Effect  Modulator 


The  increasing  development  of 
communication  systems  using  fre- 
quency or  phase  modulation  has 
stimulated  the  invention  of  several 
forms  of  modulators.  In  practical 
use  these  modulators  suffer  from 
poor  carrier  stability  or  great  com- 
plexity in  their  stabilizing  circuits, 
and  limited  ranges  of  linearity.  Be- 
cause of  inadequacies  in  the  react- 
ance-tube modulators  being  used  in 
experiments  with  railroad  radio- 
phones, especially  microphonics  in 
the  reactance  tube,  another  type  of 
frequency  modulation  circuit  was 
devised. 

Miller-Effect  Modulator 

Important  properties  of  a fre- 
quency modulator  are:  (1)  iner- 
tialess linear  frequency  controlling 
element,  (2)  simple  production  and 
injection  of  voltage  for  stabilizing 
carrier  frequency,  and  (3)  stability 
in  the  presence  of  mechanical 
vibration.  Requirement  (1)  calls 
for  an  electronic  modulating  ele- 
ment of  considerable  simplicity. 
(The  reactance  tube  suffers  from 
the  fact  that  it  can  never  be  a pure 
reactance,  always  having  some 
residual  resistance.)  Requirement 
(2)  is  more  simply  satisfied  if  the 
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frequency  modulation  is  produced 
directly  rather  than  indirectly  as  in 
some  systems.  A triode  more  ade- 
quately fills  requirement  (3)  than 
a multigrid  tube. 

The  means  taken  to  meet  these 
requirements  is  shown  in  Fig.  lA. 
By  it,  a pure  reactance  can  be  in- 
jected into  the  oscillatory  circuit. 
The  quadrature  current  is  simply 
obtained  from  the  grid-cathode 
space  current  of  a triode  that  is 
excited  by  the  controlled  resonant 
L-C  circuit  and  that  has  a purely 
resistive  load.  Analysis  of  the  cir- 
cuit shows  that,  in  the  general  case,, 
the  input  admittance  between  grid 
and  cathode  has  both  real  and 
imaginary  components.  But  if  the 
load  is  purely  resistive,  as  in  this 
special  case,  and  the  grid-plate  and 
grid-cathode  capacitances  are  of 
the  same  order  of  magnitude  and 
the  product  of  frequency,  grid-plate 
capacitance,  plate  resistance  and 
load  resistance  is  considerably  less 
than  unity,  the  input  becomes 
purely  capacitive.  This  input  ca- 
pacitance is  equal  to  Cok  + Cgp 
(1  -f-  A),  and  its  dependence  on  the 
amplification  factor  of  the  tube  and 
plate  circuit  conditions  is  familarly 
known  as  the  Miller  effect. 


FIG.  1 — (A)  Basic  principle  of  Miller  effect 
frequency  modulator  circuit  depends  on 
variation  of  load  resistance  of  tube  reflect- 
ing a variable  capacitance  across  its  input. 
In  practical  adaptation  of  this  principle  (B) 
modulator  tube  is  placed  across  oscillator 
and  has  a vacuum  tube  for  load 

Pure  negative  (capacitive)  re- 
actance can  thus  be  injected  into 
the  tank  circuit  without  the  need 
for  phasing  circuits  or  multigrid 
tubes ; the  only  requirement  is  that 
the  plate  load  be  purely  resistive. 
To  produce  the  frequency  modula- 
tion, the  gain  A of  the  tube  is 


distinct  frequencies,  both  different 
from  the  resonant  frequency  of  L* 
and  C».  If  coupling  is  too  low,  the 
frequency  of  oscillation  becomes  de- 
pendent on  both  circuits,  whereas  it 
should,  for  optimum  performance, 
depend  only  on  Lt  and  C«. 

Amount  of  feedback  is  controlled 
by  the  magnitude  of  and  R^.  If 
very  little  feedback  is  desired,  R, 
and  Rt  are  replaced  by  r-f  chokes, 
which  must  be  identical  to  avoid 
differential  phase  shifts. 

Output  is  obtained  by  inserting  a 
parallel  resonant  circuit  in  the  plate 
lead  at  the  point  marked  on  Fig.  1. 
The  circuit  lends  itself  particularly 


FIG.  3 — Modification  of  the  circuit  of  Fig.  1 
gives  an  f-m  discriminator 


well  to  recovery  of  higher  har- 
monics in  the  plate  circuit  and  can 
be  used  as  a frequency-multiplying 
driver  stage.  Although  the  fourth 
harmonic  is  the  highest  that  can 
usually  be  obtained  at  the  output, 
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varied  by  the  additional  elements 
shown  at  Fig.  IB.  The  amplifica- 
tion of  the  modulator  tube  is  varied 
by  placing  in  its  plate  circuit 
another  tube  as  load  which  behaves 
as  a variable  resistance  dependent 
on  the  audio-frequency  signal  volt- 
age. The  oscillator  tube  is  con- 
nected in  a Hartley  circuit. 

Because  both  cathode  and  grid 
of  the  load  tube  operate  at  r-f 
potentials,  it  is  necessary  to  use 
r-f  chokes  to  separate  the  r-f  and 
a-f  portions  of  the  circuit.  The 
battery  provides  the  proper  bias 
for  maximum  linearity  between  a-f 
input,  internal  resistance  of  the 
load  tube,  and  frequency  deviation 
of  the  oscillator.  Drift  of  the  oscil- 
lator’s center  frequency  is  easily 
counteracted  by  superimposing  a 
compensating  voltage  obtained  by 
usual  automatic  frequency  control 
techniques  on  the  battery  voltage. 
Although  the  frequency  stability  of 
this  circuit  is  inherently  compar- 


able to  that  of  all  direct  f-m  cir^ 
cuits,  the  simplicity  of  this  circuit 
reduces  the  difficulties  of  stabiliz- 
ing frequency.  Of  course,  the  fre- 
quency of  the  oscillator  can  be 
stabilized  by  a quartz  crystal,  in 
which  case  the  Miller  effect  modula- 
tor can  produce  phase  modulation, 
which  can  be  used  directly  or  fed 
to  multiplier  stages. 

Experiments  with  Radiophone 

This  new  modulator  circuit  has 
been  used  in  equipment  built  for 
the  Italian  State  Railways  to  de- 
termine the  feasibility  of  very  high 
frequency  radiotelephone  communi- 
cations between  a moving  train 
and  a fixed  ground  station. 
Troubles  from  microphonics  en- 
counted  with  reactance-tube  modu- 
lators were  eliminated  by  using  the 
Miller  effect  modulator  and  fre- 
quency stability  was  better.  These 
tests  were  made  on  carrier  fre- 
quencies around  110  me  with  40 


watts  output  from  the  transmit- 
ters. For  tests  the  antenna  on  the 
train  was  purposely  placed  on  the 
coach  next  to  the  electric  locomo- 
tive, as  shown  in  Fig.  2,  The  elec- 
trified sections  of  the  right-of-way 
use  3,000-volt  overhead  lines ; a 
train  is  drawn  by  a 3,000  hp  loco- 
motive. 

The  transmitter  consisted  of  a 
Miller  effect  modulator  using  a 
12J5GT  and  a 12AH7GT,  a 12A6 
oscillator  multiplier,  12A6  fre- 
quency doubler,  832  frequency  trip- 
ler,  and  829B  power  amplifier.  A 
total  frequency  multiplication  of 
18  is  obtained  to  produce  a modu- 
lation index  of  4,  which  is  sufficient 
to  give  suitable  noise  suppression 
despite  the  adverse  antenna  loca- 
tion and  the  change  in  signal 
strength  because  of  the  cuts  and 
built-up  suburban  districts  through 
which  the  24  miles  of  track  between 
Rome  and  Tivoli  pass. 


Voice-Operated  Switching  of  Carrier 

Systems 

New  all-electronic  transfer  unit,  fast  enough  to  permit  break-in  between  words,  provides 
satisfactory  two-way  or  party-bne  communication  over  power  line  or  radio  carrier  systems 
using  a single  frequency.  Oscillograms  show  negligible  clipping  of  speech  at  start 
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IN  a radio  or  power  line  car- 
rier system  of  communication, 
break-in  operation  with  all  stations 
on  the  same  frequency  speeds  oper- 
ation, eliminates  tuning  complica- 
tions, reduces  equipment  needs  and 
increases  the  number  of  communi- 
cation channels  possible  in  a given 
frequency  spectrum.  Automatic 
break-in  can  be  achieved  by  use  of 
a voice-operated  device  for  auto- 
matic switching,  sometimes  called 
vodas. 

In  earlier  power  line  carrier  ap- 
plications, vodas  systems  usually 
produced  excessive  speech  clipping 


at  the  beginning  of  each  period  of 
transmission,  because  of  sluggish 
interlock  circuits.  This  necessitated 
waiting  before  speaking  until  the 
other  carrier  transmitter  had  shut 
down. 

Satisfactory  break-in  operation 
requires  that  the  voice-operated 
switching  device  act  at  high  speed 
in  transferring  the  system  from 
standby  condition  to  the  talk  or 
listen  condition.  It  must  return  the 
system  to  standby  less  quickly,  pre- 
ferably with  a choice  of  time  con- 
stants, to  prevent  such  action  be- 
tween syllables  and  words.  Also, 


the  sequence  of  switching  opera- 
tions should  be  independent  of  cir- 
cuit adjustments  and  tube  charac- 
teristics. 

In  a network  of  several  stations 
on  a power  line  carrier  channel,  the 
first  operator  to  speak  actuates  his 
carrier  transmitter.  This  must  be 
made  the  basis  for  blocking  the  re- 
maining transmitters,  yet  the  sys- 
tem must  be  designed  to  return 
quickly  to  the  standby  condition  so 
that  quick  replies  and  even  inter- 
ruptions of  the  first  speaker  can  be 
made. 

The  electronic  transfer  unit  to  be 
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described  closely  approaches  these 
qualifications.  It  was  designed  for 
use . with  conventional  power  line 
carrier  equipment  comprising  one 
receiver  and  one  transmitter,  as 
shown  in  Fig.  1.  The  entire  system 
is  inserted  between  a standard  two- 
wire  telephone  line  and  a power  line 
coupling  network. 

Switching  Sequences 

When  no  one  is  talking,  the  trans- 
fer unit  places  the  system  in  the 
ready  or  standby  condition  wherein 
both  the  carrier  transmitter  and 
the  audio  amplifier  of  the  receiver 
are  blocked  by  bias  voltages,  as  in- 
dicated by  shading  on  the  boxes  in 
Fig.  1.  Either  an  outgoing  audio 
signal  or  an  incoming  r-f  signal 
can,  under  this  condition,  reach  the 
transfer  unit  and  initiate  the  next 
switching  sequence. 

If  an  outgoing  audio  signal 
reaches  the  transfer  unit  first,  this 
unit  acts  to  remove  the  blocking 
bias  from  the  carrier  transmitter  so 
the  signal  can  go  out  over  the  power 
line.  Simultaneously  the  transfer 
unit  applies  blocking  bias  to  the 
carrier  receiver,  to  prevent  an  in- 
coming carrier  signal  from  actuat- 
ing the  transfer  unit  while  the 
other  party  is  talking. 

If  an  incoming  r-f  signal  reaches 
the  transfer  unit  first,  this  unit  acts 
to  remove  the  blocking  bias  from 
the  audio  amplifier  of  the  receiver. 
Simultaneously  the  transfer  unit 
blocks  the  outgoing  audio  amplifier 
so  an  outgoing  audio  signal  cannot 
actuate  the  transfer  unit.  This 
scheme  provides  absolute  interlock- 
ing of  sequences  at  each  carrier 
equipment  terminal. 

Cessation  of  either  the  initiating 
audio  signal  or  the  r-f  signal  per- 
mits the  system  to  revert  to  the 
ready  condition.  Transfer  from  the 
transmit  condition  to  the  receive 
condition  is  never  made  directly, 
but  always  by  first  returning  the 
system  to  the  ready  condition. 
This  feature,  coupled  with  the  abil- 
ity to  function  at  a high  speed,  per- 
mits a rapid-fire  conversation  to  be 
handled  successfully  and  makes  it 
possible  for  the  speaker  to  be  inter- 


rupted by  the  listener. 

Transfer  Unit  Detaiis 

The  electronic  transfer  unit  con- 
sists of  two  amplifier  channels 
(with  two  associated  bias  rectifiers 
in  each)  and  a power-oscillator  ts^pe 
bias  supply,  as  indicated  in  Fig.  2. 
One  amplifier  channel  is  designed 
for  audio  frequencies,  the  other  for 
r-f  signals.  Both  terminate  in  gas- 
thyratron  rectifier  circuits  ar- 
ranged to  provide  the  correct  con- 
trol bias  voltages  in  the  proper 
sequence  without  any  adjustments. 
The  gas  thyratrons  used  contain  no 
mercury  vapor  and  therefore  will 
give  no  trouble  at  low  temperatures. 
They  cannot  damage  themselves 
since  their  anode-supply  oscillator 
limits  any  surge  current  to  a value 


considerably  less  than  the  peak  rat- 
ing of  the  tube.  The  gain  of  each 
amplifier  channel  is  controllable  to 
allow  adjustment  for  the  noise 
levels  encountered. 

One  reason  for  using  a power 
oscillator  as  bias  source  is  that  the 
associated  carrier  equipment  is  de- 
signed for  operation  from  a 125- 
volt  d-c  source  and  a separate  bias 
supply  is  therefore  required.  The 
power  oscillator  output,  rectified 
by  the  gas  thyratrons  as  and  when 
required,  provides  voltages  that  are 
independent  of  the  primary  source 
of  power,  hence  can  be  added  to  it. 
Another  reason  for  using  the  oscil- 
lator is  that  its  a-c  output  is  con-- 
veniently  controlled  and  rectified  by 
thyratron  tubes. 

The  oscillator  operates  at  about 


FIG.  1 — One  complete  station  oi  Westinghouse  type  JY  power-line  carrier  equip- 


ment ior  two-way  telephone  communication  using  o single  carrier  frequency. 
Required  switching  operations  ore  performed  automatically  by  voice-operated 
electronic  transfer  unit  in  center  of  diogram 


FIG.  2 — Electronic  transfer  unit,  which  delivers  appropriate  combinations  of  block- 
ing bias  voltages  to  corrier  tronsmitter  and  carrier  receiver  at  a station  in 


response  to.  incoming  or  outgoing  signals.  Power  oscillator  provides  bias  voltages 
for  thyratrons;  only  other  voltage  source  is  125  v d-c 
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10  ke,  which  is  well  above  the  high- 
est audio  frequency  involved.  Filter 
requirements  for  the  control  recti- 
fiers are  quite  simple  at  10  kc.  The 
output  transformer  for  the  power 
oscillator  has  four  independent 
secondary  windings  that  supply  the 
separate  voltages  to  the  four  gas- 
thyratron  control  tubes. 

Circuit  of  Transfer  Unit 

The  circuit  of  the  transfer  unit 
is  shown  in  simplified  form  in  Fig. 
3.  Considering  the  r-f  channel 
first,  the  amplified  and  rectified  r-f 
signal  is  filtered  sufficiently  to  give 
an  adequately  smooth  d-c  firing 
potential  for  the  first  thyratron, 
Fio,  which  is  normally  biased  to 
cutoff.  When  sufficient  control  grid 
potential  is  developed,  the  thyratron 
snaps  into  conduction. 

The  thyratron  current  passing 
through  diode  and  load  re- 
sistor 72,  develops  a negative  poten- 
tial which  is  used  as  blocking  bias 
for  the  outgoing  audio  amplifier. 
This  negative  potential  is  also  ap- 
plied to  the  grid  of  the  second  thy- 
ratron,Fu,  which  is  normally  con- 
ducting but  now  is  blocked  off.  This 
permits  the  bias  which  was  de- 


veloped across  load  resistor  i2,  to 
discharge  and  unblock  the  incom- 
ing audio  amplifier,  thus  permitting 
the  audio  output  of  the  carrier  re- 
ceiver to  be  delivered  to  the  tele- 
phone line.  This  sequence  cannot 
be  violated  in  this  direction.  The 
outgoing  audio  amplifier  blocking 
bias  must  exist  before  the  incoming 
audio  amplifier  blocking  bias  can 
be  removed,  since  the  output  of  Fm 
controls  the  conditions  of  Fm. 

The  bias  developed  across  iB,  by 
Fm  is  also  applied  to  the  first  grid 
of  F,  to  interlock  the  audio  channel 
against  transient  disturbances  that 
may  arise  in  the  audio  circuits  con- 
nected to  this  channel. 

When  the  incoming  r-f  signal 
stops,  Fm  extinguishes  within  a 
few  hundred  microseconds,  remov- 
ing the  bias  applied  to  the  outgoing 
audio  amplifier  and  grids  of  Fo 
and  Fm.  This  audio  bias  circuit 
is  separated  from  the  grid  circuit 
of  Fm  by  diode  Fu*,  however,  so 
the  time  taken  for  the  removal  of 
the  blocking  bias  is  determined  by 
the  discharge  time  constant  of  load 
resistor  72,  and  a bypass  capacitor 
located  in  the  outgoing  audio  ampli- 
fier. This  time  delay  is  about  five 


milliseconds.  A similar  condition, 
except  that  a capacitor  must  be 
charged,  meantime  controls  the 
length  of  time  required  to  block  the 
incoming  audio  amplifier;  the  delay 
here  is  about  one  millisecond.  Thus, 
the  sequence  of  the  output  bias 
functions  has  been  reversed  by  pit- 
ting an  R-C  charge  curve  of  short 
duration  against  an  R-C  discharge 
curve  having  a larger  time  con- 
stant. 

The  trigger-like  action  of  thyra- 
tron Fm  insures  that  the  output 
control  bias  voltages  will  be  either 
full  on  or  full  off  instead  of  at  some 
intermediate  value.  They  are  inde- 
pendent of  the  varying  level  of  the 
r-f  input  signal  which  is  used  as 
the  primary  control  signal,  as  long 
as  the  minimum  level  does  not  drop 
below  the  threshold  set  by  the  r-f 
amplifier  channel  gain  control. 

The  a-f  signal  amplifier  channel 
of  the  transfer  unit  is  similarly 
arranged  except  that  it  accepts 
audio-frequency  signals  for  control 
and  has  a fairly  sharp  300  to  3,000- 
cycle  bandpass  characteristic  to 
help  the  control  system  discrimi- 
nate between  noise  and  useful  voice 
frequencies. 

Delay  of  Release 

It  is  desirable  for  the  transmit 
condition  to  occur  as  soon  as  possi- 
ble after  the  start  of  speech,  to 
minimize  clipping.  The  equipment 
accomplishes  this  in  approximately 
2.5  milliseconds.  Upon  cessation  of 
the  signal,  however,  the  transmitter 
control  system  should  have  a cer- 
tain minimum  delay  of  release. 
Otherwise  the  transmitter  would  be 
keyed  on  and  off  by  individual 
cycles  of  speech,  especially  funda- 
mental low-frequency  components 
which  for  a man’s  voice  are  between 
100  and  200  cycles.  The  circuit 
containing  double-diode  detector 
Vs  and  isolating  diode  F^  accom- 
plishes this  in  addition  to  permit- 
ting a choice  of  four  different  de- 
lay-of-release  time  settings  (by 
means  of  two  switches).  This  cir- 
cuit permits  altering  the  delay  of 
release  from  approximately  27 
milliseconds  to  about  340  milli- 


FIG.  3 — ^Electronic  transfer  unit.  Arrangement  of  stages  corresponds  to  block  diagram 
in  Fig.  2.  Capacitors  shown  dotted  at  blocking  bios  output  terminals  ore  in  other 
units  of  station  equipment  but  serve  to  determine  time  constants  for  blocking  func* 
tions  indicoted.  No  mechanicol  relays  or  other  moving  parts  are  used 
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FIG.  4 — Arerage  delay  of  releose  of 
corrier  tronsmitier  vs  percentage  modu- 
lation. Slow  curre  compares  approxi- 
mately with  amount  of  delay  found  in 
many  Todos  schemes,  while  fast  curve 
corresponds  to  maximum  speed  at  which 
electronic  trcmsfer  unit  is  now  arranged. 
Choice  of  delay  of  release  time  is  af- 
fected by  personal  preferences,  room 
and  line  noise  level 

seconds  without  affecting  the 
charge  time,  and  hence  the  time  of 
transfer  to  the  transmit  condition. 

The  delay-of-release  circuit  is  a 
modification  of  a full-wave  detector. 
The  amplified  audio  signal  appears 
at  the  secondary  of  audio  output 
transformer  T,  and  is  rectified  by 
double-diode  V».  The  filter  for  the 
d-c  output  of  this  rectifier  is  sepa- 
rated into  two  sections  by  diode 
Fai.  A small  filter,  consisting  of 
equal  capacitances  C,  and  C*  with 
load  resistor  Rt,  is  connected  per- 
manently across  the  d-c  output. 
Additional  capacitors  Ci  and  C,  are 
arranged  to  be  connected  into  this 
circuit  by  two  switches  to  alter  the 
discharge  time  constant.  Due  to 
diode  Vadt  the  charge  time  constant 


with  respect  to  C,  and  Rt  is  not 
affected. 

Assume,  for  instance,  even  half 
cycles  of  output  from  T,  to  be  recti- 
fied at  Vu-  The  output  voltage 
across  Ri  will  rise  quickly  to  its  full 
value  because  of  the  small  amount 
of  capacitance  in  €».  Capacitors 
Cl  and  C,  are  relatively  large  and 
require  more  time  to  charge  to  full 
voltage,  therefore  the  cathode  of 
Vad  becomes  positive  with  respect 
to  its  anode,  isolating  C4,  Ci  and  C, 
from  Ri  and  C,  until  the  charges 
become  equal. 

Action  of  Release  Circuit 

After  any  selected  capacitance  of 
Cl  and  C,  has  been  charged  to  full 
voltage,  this  capacitance  then  adds 
to  that  of  Cs  during  those  instants 
when  the  voltage  across  Ri  drops 
enough  to  make  the  anode  posi- 
tive with  respect  to  its  cathode — 
and  both  sections  of  capacitance 
contribute  to  the  filtering  of  the 
then  full-wave  output. 

Upon  the  cessation  of  the  audio 
signal  and  the  consequent  decay  of 
the  d-c  output  of  F»  the  effect  of 
the  larger  capacitors,  Ci  and  C„  is 
evident.  The  small  fast-time-con- 
stant capacitor  C,  would  tend  to  dis- 
charge quickly  through  Ri,  but  this 
would  place  its  potential  below  that 
of  the  larger  capacitors,  which 


therefore  act  through  Vad  to  main- 
tain the  voltage  across  Ri,  changing 
the  effective  R-C  product  for  the 
period  of  the  discharge. 

Upon  application  of  audio  input 
there  is  developed  immediately  a d-c 
output  voltage  to  fire  the  first  thy- 
ratron,  Vt.  When  the  audio  input 
is  stopped,  the  d-c  output  decays 
rapidly  or  more  slowly  according 
to  the  delay  time  chosen,  keeping 
Vi  fired  for  this  delay  period. 

Figure  4 shows  the  relationship 
of  delay  of  release  to  the  percentage 
modulation  of  the  carrier  trans- 
mitter. Above  30-percent  modula- 
tion, the  delay  of  release  character- 
istic is  relatively  flat.  The  outgoing 
audio  amplifier  employs  automatic 
gain  control,  which  materially 
assists  in  obtaining  this  flat  re- 
sponse characteristic. 

Oscillogram  of  Response 

Figure  5 is  an  oscillogram  taken 
with  a laboratory  setup  including 
two  complete  power  line  carrier, 
single-frequency  automatic  simplex 
equipment  assemblies,  operating 
over  an  artificial  line  providing  80 
db  of  attenuation.  Trace  1 is  a 60- 
cycle  timing  wave.  Traces  2,  3 and 
4 show  the  response  of  the  a-f 
signal  channel  of  the  electronic 
transfer  unit. 

Trace  2 shows  the  1,000-cps  audio 
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FIG.  5 — Operation  oi  electronic  tronsier  unit  under  test  conditions  with  21.5  cycles  oi  a l.OOO-cps  audio  signal  going  out  with  ampli- 
tude suiiicient  to  produce  50-percent  moduiation  of  corrier  transmitter,  with  time  constonts  set  for  faster  release.  Transfer  unit  returns 
system  to  ready  condition  fost  enough  to  provide  many  opportunities  for  receiving  stations  to  brecdc  in 
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signal,  existing  for  21.5  millisec- 
onds in  the  local  telephone  line,  that 
initiated  the  sequence  of  events 
shown  in  this  oscillogram. 

Trace  3 shows  how  the  normal 
plate  current  of  the  r-f  amplifier  of 
the  local  carrier  receiver  is  blocked 
to  zero  1.75  milliseconds  after 
arrival  of  the  audio  signal,  and 
shows  also  how  and  when  it  is  per- 
mitted to  restore  to  normal. 

Trace  4 indicates  that  the  local 
carrier  transmitter  was  delivering 
a modulated  r-f  signal  to  the  power 
line  2.5  milliseconds  after  arrival 
of  the  audio  signal,  and  actually  de- 
livered 19  of  the  21.5  cycles  of  the 
originating  signal  to  the  remote 
listener. 

Traces  5,  6 and  7 show  the  re- 
sponse of  the  r-f  signal  channel  of 
the  transfer  unit  at  the  remote  sta- 
tion which  receives  the  signals  from 
the  power  line. 

Trace  5 indicates  how  arrival  of 
the  modulated  r-f  signal  blocks  the 
outgoing  audio  amplifier  there  by 
driving  its  normal  plate  current  to 
zero,  and  shows  how  this  plate  cur- 
rent is  permitted  to  restore  to 
normal. 

Trace  6 shows  (at  left)  the  norm- 
ally blocked  condition  of  the  incom- 
ing audio  amplifier  at  the  remote 
station,  and  shows  the  unblocking 
and  reblocking  of  this  amplifier  in 
response  to  the  incoming  r-f  signal. 

Trace  7 shows  the  final  result — 
the  portion  of  the  original  signal 


that  is  actually  delivered  to  the  re- 
mote telephone  line. 

For  the  oscillograms  of  Fig.  5, 
the  delay  of  release  was  set  for  fast 
release.  With  this,  the  local  carrier 
transmitter  stays  on  for  slightly 
over  26  milliseconds  after  the  audio 
signal  stops;  A succeeding  audio 
signal  arriving  within  this  interval 
is  fully  transmitted.  Fourteen 
milliseconds  after  stopping  the  local 
carrier  transmitter’s  r-f  signal,  the 
local  carrier  receiver  starts  to  un- 
block, and  becomes  fully  released  in 
about  30  milliseconds.  Thus,  the 
total  time  from  stoppage  of  the 
initiating  audio  signal  in  the  local 
telephone  line  until  the  entire  two- 
station  set-up  is  ready  to  accept 
another  such  signal  in  the  opposite 
direction  of  transmission  is  less 
than  57  milliseconds. 

Performance  Data 

Recordings  of  conversation  held 
over  actual  power-line  carrier  chan- 
nels using  this  form  of  equipment 
show  that  on  the  two  shortest  delay- 
of-release  settings  the  listener  will 
have  little  or  no  trouble  in  inter- 
rupting the  speaker  at  the  trans- 
mitting station. 

When  using  the  longest  delay  of 
release,  the  transfer  action  seldom 
occurs  except  at  the  ends  of  sent- 
ences, or  between  words  if  long 
pauses  exist.  Even  with  this  set- 
ting, however,  no  appreciable  wait- 
ing before  answering  is  required. 


Even  an  experienced  operator,  an- 
ticipating the  stopping  of  the  other 
speaker  and  having  an  answer  in 
readiness  (but  not  actually  trying 
to  interrupt  the  other  party),  rarely 
can  respond  fast  enough  to  speak 
before  the  system  is  cleared  and 
ready  to  act  upon  his  speech.  This 
is  due  to  the  average  human  re- 
sponse time  of  0.2  second.  The  de- 
lay of  release  to  be  used  is  usually 
a matter  of  individual  preference. 

High-speed  operation  involves 
use  of  the  shortest  delay  of  release. 
All  other  values  of  delay  are  long 
enough  to  eliminate  release  between 
syllables  and  even  words  more  or 
less  completely,  depending  upon  the 
characteristics  of  speech  of  the 
persons  using  the  telephone  instru- 
ments. The  choice  of  release  delay 
has  no  effect  upon  the  speed  of 
transfer  from  ready  to  either  the 
transmit  or  receive  conditions. 

The  economics  of  communication 
facilities  do  not  permit  building 
lines  so  perfect  that  all  of  the  orig- 
inal sounds  are  received  by  the 
listener,  in  the  identical  form  in 
which  they  originated.  Clipping 
of  one  to  three  milliseconds  from 
the  beginning  of  the  speech  or  sig- 
nals is  rarely  missed,  since  tele- 
phone lines  and  mental  reactions 
sacrifice  a larger  percentage  of  the 
actual  original  signal  and  the  listen- 
er’s imagination  subconsciously  fills 
in  the  balance. 


Carrier  Communication  Level  Regulator 

All-electronic  control  unit  corrects  twist  and  maintains  constant  level  for  three-channel 
carrier  telephone  or  telegraph  communication  on  open- wire  lines  despite  varying  weather 
conditions.  Variations  up  to  20  db  are  held  within  2 db  without  adding  distortion  products 


IN  THE  FIELD  of  carrier  communi- 
cation on  open-wire  lines,  the 
three-channel,  30-kc  carrier  system 
is  widely  used  to  add  three  voice 
circuits  without  affecting  operation 
of  the  existing  physical  circuit. 


By  W.  S.  CHASKIN 

Where  these  lines  are  long  in 
terms  of  total  attenuation,  repeat- 
ers are  placed  at  suitable  intervals 
to  restore  operable  levels  in  the 
audio  material  transmitted.  Atten- 
uation on  such  lines,  however,  is 


not  a constant.  It  varies  in  two 
ways:  (1)  it  increases  from  dry-to- 
wet  and  cold-to-warm  weather ; (2) 
it  increases  more  at  the  high  end 
of  the  frequency  spectrum,  in  an 
effect  known  as  twist.  This  causes 
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the  higher-frequency  channels  to 
operate  in  unfavorable  weather  at 
relatively  lower  levels  than  the 
lower-frequency  channels  of  the 
same  carrier  system. 

Automatic  regulators  have  been 
used  to  compensate  for  these  effects. 
However,  the  pilot  regulator  de- 
scribed here  is  one  of  the  first  to 
perform  these  functions  with  an 
all-electronic  circuit  which  permits 
the  elimination  of  all  moving  parts, 
relays,  motors  and  physical  contacts 
from  the  regulating  circuit. 

The  regulator  forms  part  of  a 
standard  rack-mounted  carrier  unit 
and  consists  of  three  equipment 
panels;  (1)  a pilot  oscillator  which 
produces  pilot-frequency  current 
for  transmission  on  the  line  from 
one  terminal  of  the  system  to 
another;  (2)  the  regulator  itself, 
which  determines  attenuation  of 
the  pilot  frequency  on  that  line  and 
adjusts  the  level  of  the  terminal  or 
repeater  for  constant  output  level 
regardless  of  attenuation  or  twist 
ahead  of  it;  (3)  an  alarm  which 
signals  the  attendant  with  light  and 
bell  when  any  abnormal  operating 
conditions  have  exceeded  the  scope 
of  the  regulator. 

Pilot  Oscillator 

The  pilot  oscillator  circuit  is 
given  in  Fig.  1.  One  oscillator  is 
used  in  the  transmitting  branch  of 
each  terminal  of  a system.  When 
installed  in  an  East  terminal 
(transmitting  to  the  West)  it  oper- 
ates on  5.9  kc,  whereas  at  a West 
terminal  it  generates  a frequency 
of  29.6  kc. 

Stability  of  both  output  level  and 
frequency  are  most  important  con- 
siderations in  this  oscillator.  It 
uses  two  6N7  triodes  in  a push-pull- 
parallel  circuit,  with  inductor  L, 
and  capacitor  C,  in  a parallel  fre- 
quency-determining circuit.  In- 
ductor Lt  has  an  iron-powder  pot 
and  adjustable  core  for  fine  setting 
of  the  pilot-oscillator  frequency. 
Fixed  bias  is  provided  by  cathode 
resistor  Ri.  This  resistor  is  wired 
to  test  points  as  shown  to  facilitate 
measurement  of  plate  current  in 
terms  of  voltage  drop. 

Positive  feedback  goes  through 


capacitor  Cx  and  variable  resistor 
Rn.  A stabilizing  variable-bias  net- 
work maintains  constant  output 
level  by  picking  up  a voltage  from 
the  secondary  of  transformer  Ti, 
rectifying  it  in  germanium  diodes, 
and  filtering  it  in  R^  and  before 
feeding  it  to  the  grids  to  create 
automatic  correction  for  any  tend- 
ency toward  output-level  variation. 

Jacks  Jx  and  Ja  are  provided  for 
patching-in  a 600-ohm  db  meter  for 
adjusting  feedback  control  R»  to 
give  correct  oscillator  level.  Pilot- 
frequency  output-level  adjustment 
is  made  with  resistor  Rs  to  establish 
the  conventional  output  of  minus  49 
dbm  at  jacks  Ja  and  /<.  This  output 
circuit,  consisting  mainly  of  Ria  and 
Rb  in  series,  has  an  impedance  high 
enough  to  allow  bridging  across  the 
input  of  the  transmitting  amplifier 
of  the  carrier  terminal  with 
negligible  loss  to  through  transmis- 
sion. When  the  pilot-frequency 
signal  leaves  the  transmitting 
amplifier  its  level  is  8 dbm. 

Arrangement  of  the  output  jacks 
is  designed  to  permit  disconnecting 
the  pilot  oscillator  from  the  trans- 
mitting amplifier  when  necessary 
for  adjustments  or  substitution  of 
a test  oscillator.  An  additional 
carrier-frequency  output  is  pro- 


vided to  supply  current  at  pilot- 
oscillator  frequency  for  modulating 
an  extra  reduced-fidelity  channel 
available  in  these  systems  for  use 
as  a service  circuit  or  as  a voice- 
frequency  channel  for  subdivision 
into  a total  of  nine  telegraph 
subchannels. 

Pilot-transmitting  filter  PTF, 
consisting  of  La  and  Ca,  is  series 
resonant  at  the  pilot  frequency. 
This  precludes  the  possibility  of  ap- 
preciable pilot-frequency  harmonics 
being  present  at  the  transmitting- 
amplifier  input. 

Pilot  Regulator 

The  pilot  regulator,  shown  in 
block  form  in  Fig.  2,  is  essentially 
a variable  attenuator.  One  regula- 
tor is  connected  into  the  carrier-re- 
ceiving branch  of  each  terminal  of 
a system.  Additionally,  two  are 
required  for  each  intervening  re- 
peater— one  to  handle  each  direc- 
tion of  transmission.  The  circuit 
arrangement  permits  switching  of 
the  regulating  action  to  either  the 
manual  or  the  automatic  section. 
This  provides  for  emergency  opera- 
tion and  for  servicing  the  auto- 
matic circuit. 

When  the  control  is  set  for  auto- 
matic operation,  all  carrier-band 


FIG.  1 — ^Pilot  oscillator  circuit.  Pilot-frequency  currents  originating  here  are  transmitted 
over  the  line  to  determine  the  amount  and  kind  of  attenuotion  and  then  control  the 
succeeding  repeoter  or  terminal  to  restore  normal  level  and  correct  twist 
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frequencies  enter  the  regulator  at 
the  upper  right  and  pass  through 
an  attenuation  pad,  a hybrid  trans- 
former, and  an  amplifier.  The  out- 
put of  this  amplifier  is  applied  to 
the  input  of  the  terminal  receiving 


riG.  2 — Block  diagram  oi  pilot  regulator. 
Control  oi  ottenuation  is  achieved  in  the 
hybrid  transformer  by  the  sampled  pilot 
frequency  derived  from  the  carrier-fre> 
quency  receiving  amplifier 

amplifier  whose  output  is  sampled 
and  fed  back  to  the  regulator 
through  a pilot-frequency  filter,  a 
one-stage  pilbt-frequency  amplifier. 


a rectifier  and  a d-c  amplifier.  The 
output  of  the  latter  is  used  to  con- 
trol passage  of  carrier-band  fre- 
quencies through  the  hybrid  trans- 
former by  the  degree  of  unbalance 
of  the  hybrid-bridge  circuit. 

As  bridge  balance  increases,  car- 
rier-band level  at  the  regulator  out- 
put terminals  increases.  The 
bridge  in  Fig.  2 is  composed  of  Rt 
and  Ci  balanced  by  lamp  VR^,  Rr,, 
the  twist-adjusting  network  and  Co, 
Thus,  the  level  of  carrier-band  fre- 
quencies reaching  the  terminal  re- 
ceiving amplifier,  and  consequently 
the  subscriber’s  handset,  is  deter- 
mined by  the  received  level  of  the 
pilot  frequency. 

Action  of  Regulator  Circuit 

Figure  3 shows  the  regulator  cir- 
cuit in  detail.  Again  the  regulator 
input  is  at  the  upper  right.  The 
attenuator  is  a five-element  T pad 
arranged  for  strapping  into  the  in- 
put with  i,  1,  2,  4,  and  8-db  attenua- 
tion factors  which  can  be  combined 
to  match  the  manual  attenuator  at 
the  center  of  its  range.  The  out- 
put of  the  hybrid  transformer 
passes  through  the  carrier-fre- 
quency amplifier  consisting  of  Fi 
and  goes  through  switch  STTi  to  the 


carrier  terminal  receiving  ampli- 
fier, which  is  not  shown.  The 
sampled  output  of  this  amplifier 
returns  to  the  regulator  at  the  lower 
right,  entering  the  pilot-regulator 
filter.  This  sharp-tuned  network 
feeds  the  paralleled  grids  of  V^,  the 
pilot-frequency  amplifier.  Cathode 
degeneration  and  bias  in  this  stage 
are  controlled  by  €„  and  Ris  to  pro- 
vide gain  adjustment  over  a 6-db 
range  for  centering  the  pointer  of 
meter-relay  RE^,  a Weston  type-730 
sensitive  relay  which  serves  to 
actuate  the  alarm  when  the  pilot- 
frequency  level  varies  beyond  the 
automatic-regulating  range  for  any 
reason.  This  combination  is  also 
used  in  adjusting  the  regulator 
from  time  to  time  as  required  dur- 
ing normal  operation. 

After  passing  through  the  pilot- 
regulator  filter,  which  selects  the 
pilot  frequency  from  the  carrier 
band,  the  pilot  frequency  is  ampli- 
fied in  Vi  and  fed  to  transformer 
Ti.  The  output  of  the  main  sec- 
ondary winding  is  rectified  in  V^, 
a 6H6.  Resistor  Rio,  the  6H6  load, 
feeds  an  adjustable  portion  of  this 
rectified  signal  to  the  grids  of  the 
d-c  amplifier  stage  (Fj  and  Vo  in 
parallel)  by  way  of  the  adjustable- 


FIG.  3 — Pilot  regulator  circuit.  Reactance  in  the  twist  network  in  the  right-hand  arm  of  the  hybrid  bridge  gives  a frequency-discrimi- 
nation factor  that  restores  flat  frequency  characteristics 
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FIG.  4 — Total  loss  over  a carrier  system,  shown  as  a summation  of  various  related 
factors.  The  action  of  the  pilot  regulator  is  to  keep  overoll  loss  approximately  the 
some  under  favorable  and  unfavorable  weather  operation.  Effect  of  unfavorable 
weather  is  shown  in  lower  graph 


time-constant  network.  An  addi- 
tional secondary  on  transformer 
supplies  demodulating  carrier  volt- 
age for  the  fourth  or  service  carrier 
channel  previously  mentioned. 

The  d-c  potential  on  the  grids  of 
V,  and  Va  is  proportional  to  the  re- 
ceived level  of  the  pilot  frequency, 
which  thus  controls  the  current  flow 
through  lamp  VRu  As  current 
varies,  the  lamp-filament  tempera- 
ture— and  thus  resistance — varies 
and  the  hybrid-bridge  balance  is 
altered,  changing  attenuation  of  the 
carrier  frequencies  in  the  hybrid 
and  providing  regulation.  Because 
Vi  and  Vs  operate  as  a d-c  amplifier, 
small  changes  in  rectified  pilot 
voltage  cause  larger  changes  in  cur- 
rent flow  through  VRi. 


Weather  Conditions 

Under  normal  weather  conditions 
the  pilot  regulator  is  customarily 
set  for  an  overall  loss  of  16  db  be- 
tween regulator  input  and  output 
circuits.  This  loss  includes  pilot- 
regulator  pad  loss,  regulator-hy- 
brid-bridge loss,  and  regulator- 
amplifier  gain.  At  a West  terminal 
the  regulator  pad  is  normally 
strapped  for  a 10-db  loss,  the  bridge 
introduces  a 31-db  loss  under 
normal  conditions,  and  the  ampli- 
fier contributes  a 25-db  gain.  The 
result  is  a 16-db  loss.  At  an  East 
terminal  the  regulator  pad  is 
strapped  for  a 6-db  loss,  the  bridge 
operates  at  a 36-db  loss,  and  the 
amplifier  has  a 25-db  gain — making 
the  net  loss  again  16  db.  The  differ- 
ence in  bridge-circuit  attenuation 


results  from  the  different  frequen- 
cies utilized  in  opposite  directions 
of  transmission. 

The  twist  network  is  a reactance 
circuit  in  series  with  the  current- 
sensitive  resistor  VR^  in  one  arm  of 
the  hybrid  bridge  in  Fig.  3.  This 
introduction  of  reactance  makes  the 
attenuation  introduced  by  the 
bridge  circuit  dependent  on  fre- 
quency to  a degree  that  can  be  pre- 
set by  changing  the  resonant  fre- 
quency of  the  network.  Maximum 
twist  correction  is  obtained  when 
the  impedance  of  the  right  side  of 
the  bridge  varies  most  with  fre- 
quency or  when  maximum  reactance 
is  in  the  circuit.  No  twist  correc- 
tion occurs  when  the  twist  network 
contains  no  reactance. 

Under  favorable  weather  condi- 
tions, current  through  VRt  is  rela- 
tively low,  and  is  adjusted  by  R^o 
to  give  maximum  bridge  balance 
and  attenuation  (35  db)  and  in- 
creased high-frequency  attenuation. 
The  normal  slope  of  the  preceding 
line  section  adds  to  this  high-fre- 
quency attenuation  and  both  are 
offset  by  a slope-correction  network 
contained  in  another  portion  of  the 
carrier  terminal.  The  resulting 
level  to  the  amplifier  is  uniform  as 
to  frequency. 

Under  unfavorable  weather  con- 


FIG.  5 — Circuit  of  pilot-regulator  alarm 
panel.  Action  of  time-delay  circuit  at  out- 
put of  6N7  is  such  that  alarm  is  energised 
if  operating  conditions  exceed  regulator 
range  for  more  than  30  seconds,  to  allow 
for  traiuient  effects  on  the  line 
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ditions,  pilot-current  level  is  re- 
duced, along  with  all  other  signals, 
by  increased  line  attenuation.  This 
raises  plate  current  from  the  d-c 
amplifier  and  increases  the  resist- 
ance of  VR^,  unbalancing  the  bridge 
to  reduce  attenuation  in  the  hybrid 
transformer.  Bridge  unbalance, 
however,  is  most  effective  at  higher 
frequencies  due  to  action  of  the 
series-resonant  circuit  of  the  twist 
network.  Thus,  the  higher-fre- 
quency attenuation  which  occurs 
here  when  the  bridge  is  balanced 
tends  to  disappear  most  rapidly  as 


the  bridge  becomes  unbalanced. 
Since  the  line  twist  increases  as  the 
bridge  twist  decreases,  the  net 
effect  on  signals  at  the  receiving 
amplifier  is  nil.  The  curves  of  Fig. 
4 show  this  effect  graphically. 

Alarm  System 

The  meter-type  sensitive  relay 
shown  in  the  output  circuit  of  the 
6H6  in  Fig.  3 actuates  a set  of  alarm 
signals  if  the  regulator  is  unable, 
for  longer  than  30  sec,  to  maintain 
normal  operating  conditions.  The 
alarm  is  shown  schematically  in 
Fig.  5.  It  utilizes  a 6N7  with  both 


sections  in  parallel  to  actuate  a 30- 
second  time-delay  circuit  RE^  on 
either  high  or  low  pilot  level  and 
thereby  give  a visual  a arm.  Ter- 
minals are  provided  for  the  attach- 
ment of  external  lamps  or  an  alarm 
bell. 

Means  are  incorporated  for 
silencing  the  bell  but  the  visual 
signal  remains  until  the  pilot  cur- 
rent is  restored  to  a proper  level. 
In  repeater  installations,  where 
there  are  regulators  for  both  direc- 
tions of  transmission,  both  can  be 
connected  to  a single  alarm  panel. 


Carrier  Failure  Alarm 

By  RICHARD  E.  THORNTON 


This  station  has  an  auxiliary 
transmitter  in  the  same  location  as 
the  control  room  and  studios,  and  it 
became  a problem  for  the  studio 
staff  to  efficiently  employ  the  aux- 
iliary transmitter  when  the  regular 
five-kilowatt  transmitter  went  off 
the  air  due  to  power  failures  and 
other  emergencies. 

The  regular  monitoring  system  in 
the  control  room  was  capable  of 
being  fed  off  the  audio  output  of  a 
monitoring  receiver,  but  during  bad 
weather  and  lightning  storms  was 
practically  impossible  to  use  for 
program  purposes.  Several  pro- 
cedures and  systems  were  suggested 
but  were  not  satisfactory.  Upon 
several  occasions  the  regular  trans- 
mitter was  off  the  air  for  several 
minutes  before  the  studio  operator 
was  notified,  due  to  unavoidable 
complications. 

An  alarm  system  was  incorpo- 
rated in  the  receiver  itself,  thereby 
reducing  size  of  unit  necessary, 
wiring,  and  simplicity.  An  RC  com- 
bination was  used  between  the  out- 
put transformer  and  the  plate  of 
the  first  audio  stage,  so  that  the 
feedback  level  would  be  appreciably 
more  than  monitoring  level.  The 
output  of  the  receiver  speaker,  with 


carrier  on,  was  not  enough,  how- 
ever, to  impair  monitoring  on  the 
regular  master  control  room 
speaker.  In  this  way,  the  receiver 
may  be  tuned  and  audio  level  set 
satisfactory  to  the  operator  on  duty. 
As  long  as  the  carrier  is  on,  static- 
free  monitoring  off  the  transmitter 
bus  is  accomplished.  If,  for  any 


Simple  additioxu  to  the  drcuit  of  a moni- 
toring receiTer  form  a carrier  faUure  alarm 

reason,  the  carrier  ceases,  the  relay 
switches  in  the  feedback  circuit, 
and  the  resulting  tone  signal  over- 
rides any  level  that  the  monitor  may 
be  feeding  to  master  control. 


Circuit 

An  extra  i-f  transformer  was 
coupled  to  the  plate  of  the  last  i-f 
stage  through  a small  coupling  ca- 
pacitor. The  secondary  of  the  added 
unit  was  tied  to  the  plates  of  a 
H6  and  a sensitive  relay  inserted  in 
series  with  the  cathodes  of  the  6H6, 
as  shown  in  the  diagram.  A one-ma 
relay  performs  admirably.  A ca- 
pacitor was  tied  across  the  relay 
winding  to  prevent  chatter  due  to 
modulation. 

Adjustment  of  the  unit  is  not 
critical.  The  carrier  is  applied  to 
the  antenna  input  terminals  of  the 
receiver  and  the  r-f  gain  advanced 
on  the  receiver  to  a point  slightly 
beyond  that  necessary  to  actuate  the 
relay.  This  advance  is  necessary 
due  to  the  fact  that  slightly  more 
current  is  required  to  reset  the  re- 
lay when  the  carrier  comes  back 
on  after  a dropout  than  is  necessary 
for  initial  adjustment.  The  i-f 
transformer  is  tuned  to  resonance 
by  means  of  maximum  reading  on 
a 0-5  ma  meter  in  series  with  the 
cathodes  of  the  6H6. 

Since  installation,  there  have 
been  no  failures  of  the  alarm  and 
it  has  saved  quite  a bit  of  other- 
wise lost  broadcast  time. 
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Reducing  Transmitfer  Out  Time 


Continuity  of  service  is  important 
to  a radio  station  and  the  listening 
public.  A minute  of  silence  in  the 
middle  of  a program  may  destroy 
the  continuity  and  annoy  the  listen- 
ers, many  of  whom  would  tune  in 
another  station. 

All  of  the  facilities  at  WCAE  are 
installed  at  least  in  duplicate.  Lost 
time  therefore  becomes  only  that 
time  required  to  isolate  the  unit  in 
trouble  and  switch  to  the  alternate 
unit.  This  time  may  be  subdivided 
into  four  categories ; time  in  which 
the  existence  of  trouble  is  observed 
and  realized,  time  in  which  to 
classify  or  locate  the  trouble  and 
determine  its  seriousness,  warm-up 
time  for  the  alternate  equipment 
and  actual  time  involved  in  switch- 
ing the  alternate  equipment  into 
service. 

The  distribution  of  time  among 
these  classifications  varies  widely 
for  different  types  of  failure.  For 
some  components,  the  diagnosis  and 
replacement  are  completely  auto- 
matic; for  others,  the  human  ele- 
ment enters  into  each  step  of  the 
process. 

At  one  time,  the  emergency 
transmitter  at  WCAE  consumed  45 
seconds  in  warming  up.  Switching 
it  into  service  could  be  accomplished 
during  this  time.  However,  the 
human  element  entered  into  the 
first  two  categories  mentioned  pre- 
viously and  another  15  seconds  was 
added,  bringing  the  total  time  lost 
on  each  occasion  of  transmitter 
failure  to  approximately  one 
minute. 

The  one-minute  loss  time  has 
now  been  reduced  to  between  12  and 
15  seconds.  On  the  surface,  it 
appears  to  be  a gain  of  four  to  one 


By  JAMES  H.  GREENWOOD 

but  in  listener  reaction  the  gain  is 
much  greater,  for  the  first  quarter 
minute  of  silence  is  not  nearly  as 
annoying  as  the  fourth. 

Reduced  Warm-Up  Time 

Warm-up  time  was  reduced  to  12 
seconds  by  applying  heater  current 
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FIG.  1 — Schematic  diagram  of  the  cir- 
cuit for  startiug  the  emergency  trans- 
mitter automatically  wheneyer  the  car- 
rier is  interrupted 


continously  to  all  heater-type  tubes. 
This  practice  has  not  resulted  in 
any  observable  reduction  in  useful 
tube  life  since  only  one  heater-type 
tube  has  been  replaced  for  any 
cause  since  1939  when  the  system 
was  installed  in  its  original  form. 

The  human  element  was  removed 
from  observing  and  realizing  the 
existence  of  trouble  by  additional 
circuitry,  as  shown  in  Fig.  1.  A 
small  sampling  antenna  and  tank 
circuit  excite  the  grid  of  an  0A4G. 
In  its  plate  circuit  is  a relay  which 
starts  the  emergency  transmitter 
warm  up  whenever  the  r-f  grid  ex- 
citation falls  below  a safe,  preset 
value.  This  relay  does  not  apply 
plate  voltage  to  the  emergency 
transmitter. 

If  the  loss  of  carrier  is  caused 
only  by  a momentary  flashover 
within  a tube  or  a transient  arc 
caused  by  a lightning  discharge. 


there  is  no  need  for  the  emergency 
transmitter  and  the  operator 
merely  shuts  it  off  instead  of  com- 
pleting the  transfer.  Observance 
of  the  nature  and  seriousness  of  the 
trouble  is  accomplished  while  the 
equipment  is  warming  up  and  by 
the  time  the  decision  has  been 
made,  the  equipment  is  ready  for 
use. 

To  reduce  the  time  necessary  to 
switch  the  alternate  equipment  into 
operation,  some  of  the  operations 
performed  had  to  be  simplified. 
The  original  switching  operation 
consisted  of  the  following  steps : 
removing  final-stage  plate  voltage 
from  the  transmitter  being  taken 
out  of  service,  switching  six  cir- 
cuits from  one  transmitter  to  the 
other  (antenna,  program  input,  fre- 
quency monitor,  modulation  mon- 
itor, audio  monitor  and  cathode-ray 
monitor)  and  applying  plate  volt- 
age to  the  transmitter  being  placed 
in  service. 

Controls  for  most  of  these  oper- 
ations were  grouped  at  one  location. 
The  exceptions  were  the  frequency, 
modulation  and  cathode-ray  moni- 
tors. They  were  fed  from  the  same 
sampling  antenna  which  excites  the 
0A4G  and  therefore  indicate  oper- 
ating conditions  automatically  for 
whichever  transmitter  is  in  use. 

With  a little  practice,  all  remain- 
ing circuits  can  be  switched  in  a 
fraction  of  a second.  A completely 
automatic  change-over  could  have 
been  devised  but  it  would  have  been 
considerably  more  complex  and  less 
reliable.  Also,  it  would  still  require 
the  minimum  warm-up  time  of  12 
seconds.  The  system  described  re- 
tains all  of  the  advantages  of  hu- 
man judgment  with  no  added  delay. 
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Series  Overmodulation 

By  ROBERT  E.  BAIRD 


Amplitude  modulation  in  excess  of 
100  percent  can  be  produced  with 
a series  modulator  without  creating 
sideband  splatter.  Several  methods 
have  been  described  for  accomplish- 
ing such  overmodulation  (for  ex- 
ample : Overmodulation  Without 
Sideband  Splatter,  0.  G.  Villard, 
Jr.,  Electronics,  p 90,  Jan.  1947) 
and  for  exceeding  100  percent  mod- 
ulation on  positive  peaks  without 
exceeding  it  on  negative  peaks. 
Broadcast  stations  in  some  locali- 
ties overmodulate  within  the  five- 
percent  differential  allowed  by  the 
FCC  by  slightly  unbalancing  their 
class-B  linear  amplifier.  The  simple 
method  that  is  to  be  described  here 
rounds  the  negative  peaks  so  that 
overmodulation  cannot  occur  on 
them  even  though  over  200  percent 
modulation  may  be  produced  on 
positive  peaks.  In  this  way  the 
break  in  the  carrier  that  would 
cause  sideband  splatter  is  avoided. 

Modulator  Tube  is  Variable  Resistor 

Series  modulation  has  consider- 
able merit  in  itself  because  there 
are  no  reactances  in  the  modulator. 
All  that  is  needed  is  the  proper  tube 
and  a power  supply  giving  a little 
more  than  twice  the  rated  voltage 
of  the  r-f  amplifier.  Figure  lA 
shows  the  basic  circuit.  The  modu- 
lator operates  like  a class-A  audio 
amplifier  in  that  the  grid  never 
swings  positive.  In  action,  the 
modulator  tube  behaves  as  a vari- 
able resistance  (with  half  the  sup- 
ply voltage  across  it  when  no  audio 
signal  is  applied)  in  series  with  the 
modulated  r-f  amplifier.  The  varia- 
tion in  resistance  acts  at  audio  fre- 
quency, approaching  zero  resistance 
on  positive  peaks  so  that  the  full 
power  supply  voltage  (twice  the 
rated  voltage  of  the  r-f  amplifier) 
appears  across  the  modulated  stage. 
On  negative  peaks,  cutoff  is  ap- 
proached (or  reached)  so  that  the 
tube  impedance  approaches  (or 
reaches  ) infinite  resistance. 


FIG.  1-(A)  ConTentional  series  modulator 
and  (B)  series  modulator  with  auxiliary 
tube  to  suppress  negative  peaks 


Modified  Power  Supplies 

In  practice  it  is  found  that,  be- 
cause the  tube  is  not  absolutely 
linear,  it  needs  considerably  more 
than  half  the  power  supply  voltage 
across  it  in  order  to  stay  in  the 
linear  portion  of  its  characteristic 
and  still  achieve  100-percent 
modulation  on  positive  peaks  with- 
out distortion.  As  much  as  20  per- 
cent of  the  power  supply  voltage 
may  still  be  across  the  modulator 
tube  when  100-percent  undistorted 
positive  peaks  are  being  handled  by 
the  modulated  tube.  (This  remain- 
ing voltage  could  be  considerably 
reduced  by  designing  a tube  for 
the  purpose.  The  6AS7G  might 
prove  very  good  in  a low  power 
modulator.) 

By  using  several  tubes  in  parallel, 
it  is  possible  to  make  a slight 
change  in  the  circuit  that,  with 
proper  adjustment,  will  enable  it  to 
accentuate  positive  peaks  and  sup- 
press negative  peaks.  In  the  circuit 
of  Fig.  IB  the  grid  of  the  auxiliary 
tube  is  shown  connected  to  a tap 
across  the  audio  input.  Although 


there  may  be  sufficient  signal  to  cut 
off  the  primary  tube  on  negative 
peaks,  the  auxiliary  tube  will  still 
be  conductive  and  hence  the  resist- 
ance of  the  modulator  will  not  reach 
infinity  and  100-percent  modulation 
on  the  negative  peaks  is  not  at- 
tained. If  in  addition  the  static 
voltage  drop  across  the  modulator  is 
increased  from  E to  2E,  it  will  be 
possible  to  furnish  SE  to  the  modu- 
lated stage  on  positive  peaks,  or  200- 
percent  modulation.  Under  this 
condition  the  tap  for  the  auxiliary 
tube  is  adjusted  so  that  its  grid 
does  not  quite  reach  cutoff  on  nega- 
tive peaks,  thus  100-percent  nega- 
tive modulation  will  not  be  ex- 
ceeded. Proper  adjustment  of  the 
tap  can  be  determined  with  an  os- 
cilloscope as  shown  in  Fig.  2. 

As  is  expected,  the  foregoing  pro- 
cedure introduces  some  distortion. 
However,  for  speech  it  is  not  objec- 
tionable at  150  percent  modulation 
and  does  not  interfere  with  the  in- 
telligibility at  even  200-percent 
peak  positive  modulation. 

Experimental  Equipment 

To  demonstrate  the  feasibility 
of  the  method,  a transmitter  using 
type  10  tubes  and  having  series 
modulation  was  modified  for  the 
purpose.  With  conventional  100- 
percent  modulation,  400  volts  ap- 
peared across  the  r-f  stage  and 
about  600  across  the  modulator. 
On  200-percent  modulation  with 
suppressed  negative  peak,  about 
250  vplts  appeared  across  the  r-f 
stage  and  750  across  the  modulator. 
The  ideal  values  for  these  respec- 
tive conditions  would  be  500-500 
and  333-667. 

More  detailed  data  were  obtained 
from  a transmitter  having  a single- 
ended  304TL  r-f  stage  and  304TL’s 
in  the  modulator.  Transformer 
coupling  into  the  modulator  tubes 
was  found  necessary  to  provide  a 
low-impedance  d-c  grid  return.  Al- 


TRANSMIHERS 


589 


though  a power  supply  capable  of 
providing  nine  times  the  unmodu- 
lated carrier  power  on  positive 


FIG.  2-(A)  ConTentioned  100-percent  modu- 
lotion.  (B)  unsuppreised  200-percent  modu- 
lotion,  and  (C)  200-percent  modulotion 
with  auxiliary  tube  adjusted  to  limit  nega- 
tlre  peaks 


peaks  may  seem  excessive,  the  fact 
that  this  power  need  be  provided 
only  on  such  peaks  means  that,  in 
practice,  the  filter  capacitors  can  be 
relied  upon  to  supply  the  peaks ; the 
power  transformer  and  filter  chokes 
need  be  but  little  larger  than  for  a 
conventional  modulator.  The  heav- 
ier the  modulation,  the  smaller  the 
power  dissipated  in  the  modulator 
tubes.  Thus  considerable  increase 
in  peak  power  is  made  possible  with 
negligible  increase  in  power  supply. 
In  addition,  because  series  modula- 
tion is  used,  a heavy  modulation 
transformer  and  speech  amplifiers 
are  omitted;  a voltage  amplifier  is 
sufficient  to  drive  the  modulator. 
The  modulator  is  as  shown  in  Fig. 
2A.  The  accompanying  tabulation 
gives  data  taken  with  it  for  two 
conditions:  (1)  two  304TL’s  in 
parallel,  one  having  reduced  audio 
excitation,  and  (2)  three  304TL’s 
in  parallel,  again  with  one  having 
reduced  excitation. 

Although  this  method  of  sup- 
pressing the  negative  peak  so  that 
amplitude  modulation  in  excess  of 
100  percent  can  be  obtained  without 
sideband  splatter  may  not  be  desir- 


MODULATOR  CHARACTERISTICS 


Percent 

Positive 

Fb-f 

Fd-C 

/p 

fo 

Peaks 

Volts 

Volts 

Ma 

Volts 

100 

TWO  TUBES 
1,050  2,700 

370 

—120 

125 

850 

2,750 

300 

—130 

150 

750 

2,750 

270 

—145 

200 

650 

2,800 

240 

—165 

100 

THREE  TUBES 

1,100  2,600  380 

—117 

125 

900 

2,700 

330 

—130 

150 

800 

2,800 

270 

—150 

200 

700 

2,750 

240 

—165 

Percent  negative  peak  modulation:  100 


able  for  high-power  transmitters, 
it  is  economical  for  some  uses  of 
low-power  transmitters.  For  ex- 
ample, using  this  method,  the  watt- 
hours  at  the  increased  voltage,  with 
appropriate  batteries,  obtainable 
from  such  portable  equipment  as 
that  used  by  the  forestry  fire  ward- 
ens can  be  increased  without  in- 
creasing the  weight  of  the  equip- 
ment. 


Distortion  and  Noise  Meter 

High  selectivity  possible  with  standard  components  in  a null  T-bridge  filter  circuit  is 
made  use  of  in  a simple,  easily  built  meter  for  checking  noise  and  distortion  of  broad- 
casting and  other  audio  equipment.  Suggestions  are  made  for  construction  and  operation 


Audio  distortion  and  noise  meas- 
I iirements,  such  as  must  be 
made  on  broadcast  stations  and 
should  be  made  on  public  address 
and  other  installations,  can  be  taken 
with  the  instrument  to  be  described 
here.  It  covers  the  audio  range 
from  a fundamental  frequency  of 
60  cps  through  harmonics  up  to 
50,000  cps  and  reads  noise  levels 
down  to  —60  db  directly. 

The  rms  distortion  is  measured 
by  suppressing  the  fundamental 
frequency  and  then  measuring  the 
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remaining  part  of  the  output  wave 
from  the  equipment  under  test  with 
a square-law  vacuum-tube  volt- 
meter. The  rms  distortion  Dums  of 
a wave  is  defined  as  the  effective 
value  of  the  harmonics  divided  by 
the  effective  value  of  the  funda- 
mental; that  is 

Drms  = (A*  + + .. 

where  h,  h,  h,  . . . are  the  effective 
values  of  the  distortion  harmonics 
and  h is  the  effective  value  of  the 
fundamental.  On  the  one  hand,  dis- 
tortion measuring  instruments 


based  on  the  suppression  of  the 
fundamental  are  simpler  and  less 
expensive  than  other  types.  On  the 
other  hand,  they  give  only  the  total 
rms  distortion  and  are  normally 
convenient  only  when  measuring  a 
few  specified  fundamental  frequen- 
cies, such  as  required  by  the  new 
FCC  rule  3.46(e). 

Null  T-Bridge  Suppresses  Fundamentals 

The  basic  suppression  circuit  of 
the  instrument  is  a null  T-bridge 
and  when  balanced  it  has  zero  trans- 
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mission  at  the  balance  frequency 
but  very  high  transmission  for  har- 
monics, if  the  values  of  the  com- 
ponents are  properly  chosen.  With 
resonant  circuits  having  Q’s  of 
three  to  five,  the  fundamental  can 
be  suppressed  while  the  second 
harmonic  is  attenuated  less  than  a 
decibel.  The  value  of  Ra  (Fig.  1) 
must  be  low  if  harmonic  attenua- 
tion is  to  be  kept  low. 

To  obtain  balanced  conditions  of 
the  null  bridge,  the  following  equa- 
tions must  be  satisfied 
mLs  = 2f(oC 
Rs  = 1/R 

For  a fixed  value  of  La  and  Ra,  R 
will  become  larger  as  C becomes 
smaller.  This  will  cause  R to  vary 
widely  when  using  a single  induct- 
ance to  cover  several  frequencies. 


prises  two  variable  resistances  for 
coarse  and  fine  adjustment.  Some 
frequencies  require  additional  re- 
sistance for  balance  and  this  is  also 
placed  in  the  circuit  by  the  fre- 
quency switch. 

All  of  the  bridge  elements  were 
obtained  from  local  radio  stocks. 
It  was  found  impractical  to  calcu- 
late the  values  of  the  components 
and  then  attempt  to  purchase  them. 
A variety  of  ready-made  induct- 
ances could  not  be  found.  Most  of 
the  inductances  available  had  too 
high  a resistance  to  produce  a 
usable  Q. 

For  the  low  frequencies,  an  ordi- 
nary iron  core  filter  choke  was 
tried,  but  its  value  changed  readily 
with  varying  input  levels  to  the 
bridge.  By  taking  a 15-henry  choke 


(the  second  harmonic  of  any  null 
frequency  must  be  attenuated  less 
than  1 db). 

Function  and  Range  of  Instrument 

The  T-bridge  is  widely  used  in 
commercial  distortion  meters,  and 
is  a convenient  circuit  since  one 
side  can  be  grounded.  This  allows 
the  bridge  to  work  directly  into  a 
vacuum  tube  as  shown. 

The  vtvm  portion  of  the  meter 
uses  four  voltage  amplifiers  and  a 
detector-meter  stage.  A small 
amount  of  current,  controlled  by 
Zero  Adjustment,  is  fed  through 
the  meter  to  buck  out  the  no-signal 
current  of  the  detector.  The  Feed- 
back Circuit  provides  control  of 
the  high  frequency  response  as  well 
as  the  circuit  Gain.  The  potentiom- 
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FIG.  I — Complete  circuit  diagram  of  noise  and  distortion  checker  shows  ganged  switch  for  setting  rejection  frequency  of  null  bridge, 
distortion  and  noise  level  switch  and  high  gain  amplifier  terminating  in  detector  and  meter  circuit.  The  4.8-henry  inductance  was 
made  by  removing  the  end  portion  of  the  core  of  a 15-henry  choke.  Bridge  circuit  components  may  be  varied  to  use  avoiloble  parts  os 
long  as  the  Q is  kept  high  enough  for  less  than  1-percent  attenuation  of  any  null  frequency  second  harmonic 


In  practice,  R may  be  controlled 
somewhat  by  slightly  increasing  R.<,. 

The  complete  circuit  for  the  noise 
and  distortion  meter  is  shown  in 
Fig.  1.  The  T-bridge  uses  three 
inductances  for  measuring  the  eight 
fixed  frequencies,  which  are  chosen 
to  conform  to  FCC  regulations.  A 
different  amount  of  capacitance  is 
required  in  the  bridge  for  each 
fundamental  and  is  placed  in  the 
circuit  by  the  Bridge  Frequency 
Switch.  The  resistance  R com- 


and  removing  the  end  portion  of  the 
core  this  change  in  inductance  was 
reduced  to  a negligible  value.  The 
inductance  of  the  modified  choke 
was  4.8  henries. 

Values  of  components  for  the 
bridge  at  the  eight  frequencies  as 
selected  by  the  bridge  frequency 
switch  are  tabulated  in  Fig.  1. 
Actually  the  values  of  the  com- 
ponents can  be  varied  widely  to 
suit  the  parts  available  as  long  as 
the  circuit  Q is  sufficiently  high 


eter  following  the  null  bridge  con- 
trols the  Input  Level  to  the  vtvm 
and  is  used  for  setting  the  meter 
reference  level.  The  setting  of  the 
step-attenuator,  which  precedes  the 
first  6SJ7,  plus  the  meter  reading 
gives  the  total  value  of  distortion  or 
noise.  There  are  six  attenuator 
steps  for  noise  measurements,  giv- 
ing full  scale  readings  of  0,  —10, 
—20,  —30,  —40,  and  —50  db.  The 
combination  of  attenuator  setting 
and  meter  reading  allows  noise 
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measurements  to  below  —60  db. 
Noise  measurements  to  lower 
values  can  be  made  by  operating  the 
equipment  under  test  at  a level 
lower  than  the  desired  reference 
level.  That  is,  if  the  desired 
measurement  is  the  noise  below 
— 60  db,  the  equipment  can  be  oper- 
ated, for  example,  with  an  output 
level  of  —10  db.  If  the  noise  were 
—65  db  with  a 0 db  reference,  it 
would  be  —55  db  with  a —10  db 
reference,  which  can  be  read  on  the 
instrument. 

The  attenuator  has  five  steps  for 
measuring  distortion.  These  are 
calibrated  for  full  scale  values  of 
100,  30,  10,  3,  and  1 percent.  The 
100-percent  position  is  that  used 
for  calibration. 

The  accuracy  of  the  instrument 
depends  upon  the  accuracy  of  the 
attenuator  resistors  and  of  the 
meter  scale  calibration.  Close  tol- 
erance resistors  can  be  purchased 
for  the  attenuator,  or,  as  done  in 
this  case,  each  value  can  be  made  up 
of  several  ordinary  carbon  resistors 
using  a resistance  bridge  to  deter- 
mine the  correct  value. 

Minimizing  Hum  and  Input  Loading 

In  constructing  the  noise  and  dis- 
tortion meter,  precautions  were 
taken  to  minimize  hum  pickup  by 
the  bridge  inductances.  The  two 
larger  inductances  were  mounted  at 
slight  angles,  determined  experi- 
mentally. No  trouble  was  had  with 
the  smallest  inductor.  High-Q 
toroidal  inductances  could  be  used 
in  such  a bridge  to  minimize  hum 
pickup.  However,  the  small  addi- 
tional hum  reduction  did  not  seem 
to  warrant  the  expense  of  these 
coils  over  those  used. 

Any  hum  picked  up  in  the  induct- 
ances raises  the  minimum  input 
levels  at  which  satisfactory  meas- 
urements can  be  made.  Where  it  is 
planned  to  use  such  an  instrument 
for  high-level  audio  measurements, 
levels  below  0 db  will  seldom  be 
encountered.  At  these  high  levels  the 
small  amount  of  hum  picked  up  by 
the  inductances  causes  little  trouble. 
The  meter  described  has  a hum  level 
down  more  than  60  db  with  gain 


control  in  the  maximum  position. 
Because  the  bridge  inductances  are 
out  of  the  circuit  during  noise 
measurements,  their  hum  pickup 


MEASURED  RMS  OSCILLATOR 
DISTORTION 

(C) 


FREQUENCY 

COMMERCIAL 

KOCY 

IN  CPS 

METER 

METER 

50 

2,8% 

2.8% 

100 

1.8 

2.0 

400 

1.0 

1.0 

1,000 

1.0 

1.0 

5,000 

l.l 

l.l 

7,500 

1.2 

1.2 

10,000 

0.7 

0.6 

15,000 

0.2 

0.3 

ALL  DATA  TAKEN  FOR  0 OB  EQUALS  6 MILLI- 
WATTS IN  600  OHMS 


FIG.  2 — (A)  When  the  instrument  is  cali- 
broted.  the  meter  scale  will  appear  as 
shown  (B).  Measurements  made  with  the 
instrument  (C)  in  a test  setup  (D)  compare 
favorably  with  those  made  with  a com- 
mercial meter 

has  no  effect  on  these  measure- 
ments. Residual  noise  in  the  meter 
is  more  than  80  db  below  0 dbm 
signal. 

It  can  be  seen  that  the  balance 
resistance  varies  widely.  For 
normal  audio  measurements  where 
balanced  circuits  are  encountered, 
a bridging  type  input  transformer 


must  be  used  to  prevent  loading  of 
the  circuit  under  test.  The  capaci- 
tive impedance  of  the  bridge  re- 
quired that  a transformer  having  a 
low  impedance  secondary  be  used  to 
avoid  resonant  peaks  in  the  low- 
frequency  characteristics  of  the 
circuit.  The  T-bridge  may  be  con- 
nected directly  across  an  unbal- 
anced circuit  for  measurements. 
The  impedance  of  the  circuit  con- 
nected to  the  bridge  input  has  very 
little  effect  upon  the  operation  of 
the  bridge  circuit.  Under  these  con- 
ditions the  loading  effect  of  the  T- 
bridge  on  the  circuit  being  meas- 
ured is  substantially  that  of  the 
balance  resistance.  At  the  extreme 
low  frequencies  the  impedance  look- 
ing into  the  bridge  increases  and  is 
capacitive.  As  can  be  seen  from 
the  balance  equations,  R can  be  in- 
creased by  increasing  L.,-  and  de- 
creasing C while  Rs  remains  con- 
stant. To  increase  R at  the  low 
frequencies  presents  a problem 
without  specially  wound  induct- 
ances. 

Calibration  and  Performance  Testing 

To  calibrate  the  scale  of  the  out- 
put meter,  the  instrument  was  set 
up  as  shown  in  Fig.  2A.  It  was 
assumed  that  the  audio  oscillator 
had  zero  internal  impedance.  The 
noise-distortion  meter  was  adjusted 
for  a full-scale  meter  reading  with 
a 1,000-cps  signal.  The  attenuator 
box  was  then  adjusted  to  place 
10-db  attenuation  in  the  circuit  in 
1-db  steps.  After  the  insertion  of 
each  db  attenuation  the  meter  scale 
was  carefully  marked. 

Two  scales  were  calibrated  for 
distortion  measurements  using  the 
standard  vtvm  to  indicate  the  cor- 
rect input  voltage  ratios.  The 
meter  scale  is  shown  in  Fig.  2B. 
One  scale  for  noise  measurements  is 
marked  from  0 db  to  —10  db.  The 
two  distortion  scales  are  marked 
between  30  percent  and  10  percent, 
and  10  percent  and  3 percent.  These 
two  distortion  scales  serve  for  read- 
ing all  five  distortion  attenuator 
settings. 

The  frequency  response  of  the 
meter  for  each  position  of  the 
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bridge  switch  was  plotted  to  deter- 
mine the  harmonic  frequencies  con- 
tained in  each  measurement.  The 
overall  response  is  shown  in  Fig. 
3A.  This  response  curve  shows 
that  the  meter  exceeds  the  specifi- 
cations set  forth  by  the  FCC. 

Response  curves  for  the  eight 
nulls  are  shown  in  Fig.  3B.  Note 
that  the  second  harmonic  of  any 
null  frequency  is  attenuated  less 
than  1 db. 

A direct  comparison  of  the  oper- 
ation of  the  meter  with  a com- 
mercial instrument  was  made  by 
making  distortion  measurements 
on  an  inexpensive  audio  oscillator 
with  both  meters  under  the  same 
conditions  (Fig.  2C). 

Distorfion  Measurements 

The  meter  described  is  used  in 
measurements  similar  to  other 
noise  and  distortion  meters.  An 
audio  oscillator  of  low  harmonic 


output  is  connected  to  the  equip- 
ment under  test  as  shown  in  Fig. 
2D.  The  output  of  the  equipment 
is  terminated  in  its  correct  load 
impedance  and  the  bridging  input 
of  the  meter  is  connected  across 
this  load.  The  bridge  switch  of 
the  meter  is  set  to  the  desired  fre- 
quency and  the  equipment  is  ad- 
justed for  the  desired  operating 
level.  The  meter  level  is  then  ad- 
justed for  full  scale  reading  with 
the  attenuator  in  either  the  cali- 
brate or  0-db  position. 

For  distortion  measurements 
the  oscillator  frequency  is  then 
varied  for  null  reading  of  the 
meter.  The  null  is  obtained  by 
simultaneously  adjusting  the  oscil- 
lator frequency  and  the  bridge  re- 
sistance. After  the  bridge  has  been 
adjusted  for  null  on  the  lowest  at- 
tenuator setting  possible,  the  cali- 
bration level  is  rechecked  before 
taking  the  reading.  For  distortion 


measurements,  it  is  necessary  to  set 
the  oscillator  frequency  to  at  least 
twice  the  null  frequency  when  ad- 
justing the  calibrate  level.  If  the 
oscillator  or  equipment  level  varies 
greatly  over  this  range,  an  external 
meter  must  be  connected  at  the 
input  point  to  insure  the  input 
level  to  the  meter  is  the  same  for 
calibration  and  for  the  null  fre- 
quency. After  the  level  is  correctly 
set,  the  oscillator  frequency  is  reset 
to  the  null  point  and  the  attenuator 
adjusted  until  a reading  can  be  ob- 
tained on  the  meter  scale.  The  com- 
bination of  the  attenuator  setting 
and  meter  reading  indicates  the 
total  distortion. 

Although  the  lowest  calibrated 
reading  for  distortion  is  0.3  percent 
on  the  1-percent  scale,  a lower  value 
can  be  read  by  setting  the  attenu- 
ator to  the  —50  db  position.  Full 
scale  reading  in  the  position . cor- 
responds to  0.316  percent  which 


Fig.  3 — (A)  Frequency  response  of  the  meter,  with  the  null  bridge  bypassed,  is  flat  over  the  full  audio  spectrum.  (B)  The  rejection  of  the 
null  bridge  is  sufficiently  sharp  so  that  second  harmonics  ore  attenuated  less  thon  a decibel.  Problem  is  to  find  large  inductance  with 

low  loss  for  use  at  low  frequencies 
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can  be  easily  read  on  the  3-percent 
scale. 

Noise  measurements  are  made 
by  setting  the  frequency  switch  of 
the  meter  in  the  noise  position  and 
adjusting  the  meter  for  full  scale 
reading.  The  signal  is  then  removed 
from  the  equipment  under  test  and 
the  input  properly  terminated.  The 
noise  level  present  may  then  be 
read  by  decreasing  the  attenuator 
setting  until  an  indication  is  ob- 
tained on  the  meter.  Again,  the 
combination  of  the  meter  reading 
and  the  attenuator  setting  gives 
the  final  result. 

Distortion  measurements  taken 
with  the  meter  indicate  the  rms 
total  of  all  components  of  the  input 
signal  which  fall  within  the  limits 
of  the  frequency  range,  except  the 
fundamental  frequency  component, 
which  is  rejected  by  the  bridge.  The 


reading  of  the  meter  will  therefore 
include  the  following  components: 

(1)  harmonics,  (2)  modulation 
cross  products  between  hum  and 
fundamental,  (3)  modulation  cross 
products  between  hum  and  har- 
monics, (4)  hum  components  and 

(5)  noise  components.  The  noise 
and  distortion  meter  sums  all  these 
quantities  and  indicates  the  ratio  of 
the  sum  of  all  undesired  compo- 
nents to  the  fundamental  frequency 
component.  If  it  is  desired  to  de- 
termine the  distortion  due  to  the 
harmonic  and  cross  product  com- 
ponents alone,  either  of  two  methods 
may  be  used. 

One  method  is  to  operate  the 
equipment  under  test  at  a high  out- 
put level.  This  results  in  making 
the  hum  and  noise  components  small 
compared  to  the  other  components. 


The  second  method  is  to  measure 
the  distortion  in  the  normal  manner 
at  the  desired  output  level,  then  to 
measure  the  noise  level  in  db,  using 
the  same  output  level  as  reference. 
The  db  noise  level  is  then  converted 
to  percent  and  the  values  substi- 
tuted in  the  equation 
H = (IT  - 

where  H is  total  harmonic  and  cross 
section  distortion  in  percent,  D is 
distortion  in  percent  and  N is  noise 
in  percent. 

The  noise  and  distortion  meter 
described  can  be  constructed  for 
less  than  $100.00.  This  is  consid- 
erably less  than  the  price  of  a sim- 
ilar instrument  on  the  commercial 
market.  The  meter  is  capable  of 
reading  distortion  as  low  as  0.1  per- 
cent and  noise  to  below  —60  db 
within  the  frequency  range  30  to 
50,000  cps. 


Low-Distortion  A-M  Signal  Generator 

One-hundred-percent  modulation  is  obtained  by  combining  out-of-phase  carrier  voltage 
with  partially  modulated  signal  in  cancellation  circuit.  Uses  exalted-carrier  detector  in 
overall  feedback  circuit.  Regulated  oscillator  insures  constant  output  amplitude 


A LOW-DISTORTION  ampli- 
tude-modulated signal  source 
is  essential  for  such  jobs  as  adjust- 
ing a-m  station  monitors  and  test- 
ing high-quality  broadcast  receiv- 
ers. With  the  signal  generator  de- 
scribed, audio  distortions  of  better 
than  0.1  percent  at  100  percent 
modulation  are  obtained  by  the  use 
of  several  special  circuits  not  com- 
monly found  in  commercial  testing 
equipment. 

Referring  to  the  block  diagram 
in  Fig.  1 and  the  circuit  diagram  in 
Fig.  2,  it  may  be  seen  that  the  out- 
puts of  the  a-f  amplifier  and  r-f 
oscillator  are  combined  in  the  mod- 
ulator to  produce  an  r-f  signal 
which  is  about  75  percent  modu- 
lated. One  hundred  percent  modula- 
tion is  effectively  obtained  by 
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FIG.  1 — Block  diagram  shows  how  high 
percent  modulation  is  accomplished  with 
low  distortion 


adding  an  out  of  phase  component 
of  the  carrier  signal  through  the 
cancellation  amplifier.  Negative 
feedback  is  employed  in  both  the 


audio  amplifier  and  modulator,  and 
an  exalted-carrier  detector  is  used 
in  an  overall  feedback  circuit. 

Circuit  Details 

The  two-stage  audio  amplifier, 
whose  function  is  to  raise  the  level 
of  the  audio  input  signal  to  a value 
suitable  for  driving  the  modulator, 
employs  about  25  db  negative  feed- 
back from  the  plate  of  the  second 
tube  to  the  grid  of  the  first.  The 
amplifier  distortion  is  less  than  0.1 
percent,  and  its  gain  is  about  100 
with  10  volts  rms  output. 

The  tunable  broadcast-frequency 
oscillator  which  supplies  the  carrier 
component  to  the  modulator  and 
drives  the  exalted  amplifier  and 
the  cancellation  amplifier  is  a Hart- 
ley oscillator.  Its  output  is  regu- 
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lated  at  80  volts  rms  by  the  6AG7 
regulator  circuit  which  eliminates 
the  need  for  an  amplitude  control. 

Modulator 

A portion  of  the  oscillator  signal 
and  the  output  of  the  audio  ampli- 
fier are  impressed  on  the  control 
grid  of  the  829B  modulator  tube. 
The  action  is  very  similar  to  that 
of  an  ordinary  grid-modulated  am- 
plifier. 

The  constants  of  the  circuit  were 
chosen  to  give  a 75  percent  mod- 
ulated signal  at  the  output  of  the 
modulator  without  the  necessity  of 
driving  the  grid  positive.  This 
eliminates  the  necessity  of  a low- 
impedance  grid  driving  source  and 
greatly  reduces  a source  of  modula- 
tion distortion. 

The  cathode  circuit  of  the  mod- 
ulator is  unique  in  that  it  provides 
a large  amount  of  degeneration 
which  effectively  reduces  the  mod- 
ulation distortion. 

The  cathode  circuit  not  only  fur- 
nishes a d-c  bias  voltage  for  the 
correct  operation  of  the  modulator 
but  its  action  is  much  the  same  as 
that  of  an  ordinary  peak  detector. 
The  R-C  time  constant  is  long 
enough  to  maintain  the  peak  r-f 


voltage  between  the  r-f  current 
pulses.  It  is  important  to  make 
this  time  constant  short  enough 
to  prevent  audio  negative  peak  clip- 
ping. Since  a maximum  of  only  75 
percent  modulation  is  required 
from  the  modulator,  the  design  of 
this  circuit  to  prevent  peak  clip- 
ping is  simple.  Once  the  resistance 
R is  determined  by  the  value  of 
d-c  bias  required  for  the  modulator 
the  following  equation  may  be  used 
to  determine  the  capacitance  C: 

c _ Vl  - 
RwK 

where  K is  the  maximum  percent 
modulation  divided  by  100,  tOa  = 
27:/„  and  /„  is  the  highest  audio  mod- 
ulation frequency  in  cps. 

The  above  equation  is  derived  in 
the  following  manner : From  Fig.  8, 
let  = E sin  coa  t,  where  e„  is  the 
modulation  signal.  Then  the  en- 
velope of  the  peak  r-f  voltages  ap- 
plied across  the  R-C  circuit  will  be 
represented  by  the  equation 

E 

E'  = ^ + K sinut 

K. 

Differentiating  the  equation  of 
the  modulating  signal  to  find  its 
slope 


dt 


= (oE  cosut 


The  slope  of  the  voltage  decay 
across  the  R-C  circuit  at  the  begin- 
ning of  each  decay  period  is  —E'/ 
RC.  It  is  assumed  that  the  voltage 
decay  is  linear  for  the  short  period 
between  the  r-f  pulses.  In  order  to 
prevent  distortion  due  to  negative 
peak  clipping,  it  is  necessary  that 
the  slope  of  the  R-C  circuit  voltage 
decay  always  be  equal  to  or  slightly 
greater  than  the  slope  of  the  modu- 
lation envelope.  Therefore, 

h sinut 

K. 


Since  there  is  only  one  instant 
during  the  audio  cycle  that  the 
above  equation  can  be  true,  that 


FIG.  3 — ^Modulator  cathode  wavefoxm 
showing  the  modulation  envelope 


FIG.  2 — Circuit  diagram  of  signal  generator.  Volue  of  cathode  capacitor  for  modulator 
is  determined  by  formula  derived  in  text 


time  may  be  determined  by  differ- 
entiating with  respect  to  t,  then 

jiC  = 

cosinut 

Substituting  this  in  the  previous 
equation  and  solving  for  C,  we 
obtain 
sincot  = — K 
cosut  = Vl  - /sT* 


KRu> 

Cancellation  Amplifier 

The  modulator  output  signal  is 
added  to  the  output  signal  of  the 
cancellation  amplifier  in  the  can- 
cellation circuit.  The  addition  of 
these  two  signals  results  in  a sum 
signal  which  has  its  modulation 
percentage  increased  to  100  per- 
cent from  the  75  percent  level  at 
the  modulator.  The  cancellation 
amplifier  signal  has  a 180  degree 
phase  relation  with  respect  to  the 
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carrier  of  the  modulator  output 
signal. 

This  180-degree  phase  relation  is 
very  accurately  controlled  by  the 
tunable  capacitor  in  the  parallel 
resonant  circuit  which  is  the  load 
impedance  of  the  cancellation  am- 
plifier. To  adjust  accurately  the 
phase  of  this  amplifier,  it  is  neces- 
sary to  view  the  generator  output 
waveform  with  an  oscilloscope  with 
slightly  more  audio  applied  to  the 
generator  input  than  is  necessary 
for  100  percent  modulation.  This 
procedure  will  produce  on  the  oscil- 
loscope a picture  which  is  similar 
to  that'  of  Fig.  4A.  Perfect  phase 
relationship  reveals  two  sharp 
crossover  points  in  the  trough  of 
the  modulated  signal  as  shown  in 
Fig.  4B. 

Since  the  voltage  gain  of  the  can- 
cellation amplifier  is  not  constant 
over  the  tunable  frequency  band,  it 
is  necessary  to  control  the  screen 
grid  voltage  of  the  amplifier  for 
this  purpose.  Approximately  the 
correct  phase  for  proper  cancella- 
tion is  obtained  at  the  amplifier 
output  by  driving  its  grid  from  the 
grid  circuit  of  the  oscillator.  Good 
r-f  waveshape  is  obtained  not  only 
by  using  the  highly  frequency  selec- 
tive tuned  circuit  in  the  plate  cir- 
cuit of  the  6AC7  amplifier,  but  also 
by  operating  the  amplifier  class  A 
with  degeneration  in  the  cathode 
circuit.  Figure  4C  shows  a 100- 
percent  modulated  signal  with 
perfect  cancellation  phase. 

Power  Output  Amplifier 

The  power  output  amplifier  is 
driven  by  the  cancellation  circuit 
and  is  a cathode  follower.  The  829E 
tube  was  chosen  because  of  its  high 
current-conducting  capacity  and  its 
high  transconductance.  The  grid  in- 
put capacitance  is  greatly  reduced 
by  driving  the  screen  grid  at  the 
same  a-c  potential  as  the  cathode 
through  the  0.01-(jl/  screen  to 
cathode  capacitor.  Expressed  by  an 
equation,  the  gain  of  a cathode  fol- 
lower amplifier  is: 

Q — fk 

r*  -H  1 

where  is  the  transconductance 


FIG.  4 — Output  waveform  of  a-m  signal 
generator  for  (A)  incorrect  cancellation 
phase,  (B)  correct  cancellation  phase  with 
overmodulation,  and  (C)  correct  cancella- 
tion phase  and  100  percent  modulation 

of  the  tube  and  r*  is  the  equivalent 
cathode  resistance.  The  grid  input 
capacitance  will  be 

Ci  = Co  a-  G) 

where  Ct  is  the  new  imput  capaci- 
tance and  Co  is  the  input  capaci- 
tance with  the  cathode  and  screen 
at  ground  potential.  The  grid  input 
capacitance  to  the  829B  is  reduced 
from  29  [ijAf  to  3 (jL[i.f  with  the  above 
mentioned  arrangement. 

The  power  output  amplifier 
drives  an  air-core  r-f  transformer 
which  is  used  to  reduce  the  peak  to 
peak  amplifier  current  swing  by  a 
factor  of  2.5  to  1.  The  air-core  type 


of  transformer  was  used  because  it 
made  possible  an  impedance  trans- 
formation without  r-f  waveform 
distortion  which  would  result  from 
an  iron-core  transformer.  A tuned 
transformer  could  have  been  used 
but  it  would  have  meant  an  addi- 
tional tuning  control.  The  primary 
winding  of  the  transformer  is 
wound  in  a single  layer  on  a cylin- 
drical 1.5-inch  diameter  Bakelite 
coilform.  The  secondary  winding  is 
wound  directly  on  top  of  the  pri- 
mary winding.  The  wire  used  for 
the  secondary  coil  has  a diameter 
2.5  times  that  of  the  primary  coil. 
This  makes  the  coils  equal  in  length 
which  provides  the  maximum  possi- 
ble coefficient  of  coupling. 

Exaltation  Circuit 

The  exaltation  amplifier  is  driven 
from  the  grid  of  the  oscillator  tube 
in  order  to  obtain  the  correct  phase 
for  its  output  which  drives  the  ex- 
alted carrier  detector.  The  correct 
phase  for  the  detector  is  obtained 
by  adjusting  the  variable  tuning 
capacitor  in  the  plate  circuit  of  the 
exaltation  amplifier. 

The  exalted  carrier  type  of  detec- 
tor makes  it  possible  to  detect  a 100 
percent  modulated  r-f  signal  with- 
out introducing  audio  negative 
peak  clipping.  Negative  peak  clip- 
ping is  eliminated  by  adding  a 
large  unmodulated  r-f  signal  in 
phase  with  the  modulated  r-f  signal 
at  the  detector.  This  effectively  re- 
duces the  percent  modulation.  If 
the  ratio  of  unmodulated  to  modu- 
lated signals  is  made  large,  the 
phase  relation  between  the  two 
signals  does  not  have  to  be  adjusted 
accurately.  Improper  phase  relation 
introduces  audio  distortion  but  of 
small  magnitude  when  a ratio  of 
voltages  of  30  to  1 is  used  in  this 
generator  detector.  A 10-degree 
phase  relation  for  the  specified  con- 
ditions will  introduce  0.02  percent 
second  harmonic  component  and 
zero  third  harmonic  component  for 
a 100  percent  modulated  signal. 

The  output  of  the  modulation  de- 
tector is  applied  to  the  input  of  the 
audio  amplifier  through  an  r-f  filter 
circuit.  The  overall  negative  feed- 
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back  is  approximately  20  db  and 
serves  to  reduce  noise  and  distor- 
tion by  that  factor. 

Operation  and  Performance 

In  aligning  the  signal  generator 
to  a particular  frequency  an  oscil- 
loscope must  be  used  for  viewing 
the  modulated  output.  There  are  six 
controls  that  must  be  adjusted  for 
alignment  to  a particular  carrier 
frequency.  The  oscillator  is  ad- 
justed to  the  desired  r-f  frequency. 


The  modulator  tuning  control  is  ad- 
justed to  give  maximum  oscillo- 
scope deflection,  while  the  modula- 
tor bias  control  sets  the  desired 
output  level.  Cancellation  tuning  is 
set  to  give  minimum  r-f  output 
level  at  the  correct  phase,  and  the 
cancellation  gain  is  adjusted  to  give 
approximately  25  percent  reduction 
in  output  level  due  to  the  cancella- 
tion amplifier.  The  exaltation  tun- 
ing adjustment  is  set  to  give  a min- 
imum modulation  while  maintain- 


ing a fixed  audio  input  level. 

The  r-f  output  level  is  variable 
between  6 and  8 volts  rms  across  a 
termination  of  60  to  100  ohms. 

The  writer  acknowledges  the 
important  contributions  of  H.  R. 
Summerhayes,  Jr.  of  the  General 
Electric  Company  in  connection 
with  the  development  of  this  signal 
generator. 
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Blower  Selection  for  Forced-Air  Cooled  Tubes 

How  to  determine  requirements  for  industrial  and  communications  applications.  Charts 
supplied  here,  and  examples  showing  how  to  use  them,  simplify  the  job  and  help  to 

insure  trouble-free  performance  of  equipment 


Forced-air-cooled  power  tubes 
have  found  wide  acceptance  in 
industrial  and  communications  ap- 
plications because  of  their  conven- 
ience and  economy.  Although  forced 
air  is  used  to  cool  glass-to-metal 
seals,  bulbs  and  metal  headers  of 
tubes  the  most  important  single  use 
is  in  cooling  the  external  anode. 

When  a fan  or  blower  is  selected 
for  a particular  application  two  fac- 
tors must  be  known,  the  air-flow  re- 
quired by  the  tube  and  the  static 
pressure  at  the  blower  outlet.  Al- 
though these  factors  apply  gener- 
ally to  cooling  any  part  of  an  elec- 
tron tube,  attention  is  directed  in 
this  article  to  the  problem  of  select- 
ing a blower  for  cooling  the  radi- 
ator or  cooler  of  an  external-anode 
tube,  particularly  when  duct  work 
is  used.  The  results  obtained  are 
equally  applicable  to  the  problem  of 
selecting  a blower  for  cooling  any 
other  part  of  a tube. 

Factors  Involyed  in  Selection 

The  air  flow  (Q)  required  by  a 
tube  depends  upon  the  amount  of 
anode  dissipation  and  upon  the 
maximum  ambient  or  incoming  air 


By  A.  G.  NEKUT 

temperature  expected  in  a given  ap- 
plication. For  a specified  amount 
of  anode  dissipation  the  amount  of 
air  flow  required  to  limit  the  tem- 
perature rise  of  the  anode  to  a safe 
value  may  be  obtained  from  tube 
data.  This  value  of  air  flow  is  usu- 
ally based  upon  tests  made  at  room 
temperature  and  normal  barometric 
pressures,  corrected  for  the  rated 


maximum  ambient  or  incoming  air 
temperature  for  the  tube  (usually 
45  C).  For  applications  in  which 
the  blower  uses  air  having  a den- 
sity appreciably  different  from  0.076 
lb  per  ft*,  corrections  must  be  made. 

The  static  pressure  (P.)  at  the 
blower  outlet  depends  upon  the 
pressure-versus-airflow  character- 
istics of  the  system  into  which  the 


AIR  FLOW  (Q)IN  CUBIC  FEET  PER  MINUTE 


FIG.  I — Fan  performance  and  system  characteristic  curves 
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blower  must  deliver  the  required 
volume  of  air.  A typical  system 
characteristic  is  shown  in  Fig.  1. 
The  value  of  static  pressure  is  de- 
termined by  the  following  factors: 

(1)  The  static  pressure  rating  of 
the  tube  cooler  when  the  required 
air  flow  is  passing  through  it.  This 
rating  is  given  in  tube  data  as  a 
function  of  air  flow  when  the  cooler 
is  operating  at  its  maximum  rated 
temperature.  When  the  outlet  of  a 
blower  discharges  into  free  air,  as 
is  the  case  when  the  blower-outlet 
air  flow  is  directed  at  a tube  header, 
bulb  or  seal,  the  static  pressure  at 
the  blower  outlet  is  zero  provided 
no  ducts,  constrictions  or  nozzles 
are  used.  Airflow  rating  of  a 
blower  for  zero  static  pressure  at 
the  blower  outlet  is  usually  called 
the  free-delivery  rating  of  the 
blower. 

(2)  The  friction  losses  in  duct- 
work and  other  components  such  as 
elbows,  interlock  vanes  and  air  fil- 
ters. Standard  tables  of  duct-pres- 
sure loss^  available  in  most  blower 


catalogs  may  be  used  for  estimat- 
ing duct  friction  if  the  effective 
duct  length  is  large. 

(3)  The  change  in  static  pres- 
sure in  a duct  due  to  changes  in 
cross-sectional  area  which  increase 
or  decrease  the  velocity  of  the  air- 
in  the  duct.  Whenever  there  is  any 
change  in  cross-sectional  area  be- 
tween the  blower  outlet  and  the 
tube  inlet  a correction  for  velocity 
changes  must  be  added  algebraically 
to  the  static  pressure  at  the  blower 
outlet.  This  correction,  which  is 
positive  for  a contraction  in  area 
and  negative  for  the  expansion  in 
area,  is  given*  by  the  relation 


where  Fi  is  the  velocity  of  the  air 
before  the  change  in  area  and  F,  is 
the  velocity  of  the  air  after  the 
change.  These  velocities  in  feet  per 
minute  may  be  found  from  the  ex- 
pression 

V = Q/A  (2) 

where  A is  the  cross-sectional  area 


at  the  place  of  measurement  in 
square  feet  and  Q is  the  air  flow  in 
cubic  feet  per  minute.  The  factar 
4,000  of  Eq.  1 is  the  velocity  con- 
stant for  air  of  standard  density 
of  0.075  lb  per  ft®.  The  relationship 
given  in  Eq.  1 is  shown  in  graph 
form  in  Fig.  2. 

A change  in  cross-sectional  area 
also  causes  friction  losses.  Such 
losses  are  small  and  can  be  ignored 


Definitions  of  Terms 

A = cross-sectional  area  of  air  flow  in  ft* 

D = diameter  of  air  duct  in  ft 
d = density  of  air  in  Ib  per  ft* 

P.  «=  static  pressure  in  inches  of  water 
APt  » change  in  static  pressure  in  inches  of 
water 

Q = volume  of  air  delivered  per  unit  time  in 
ft’  per  min 

rpm  = speed  of  blower  in  revolutions  per  min 
Ti  = air  temperature  at  inlet  in  deg  C 
To  = air  temperature  at  outlet  in  deg  C 
AT  = change  in  air  temperature  in  deg  G 
V = velocity  of  air  in  ft  per  min 
W f = filament  power  in  watts 
Wm  «=  blower-shaft  horseiKJwer 
Wp  = plate  dissipation  in  watts 
to  = power  dissipated  per  unit  air  flow  in 
watts  per  ft’  per  min 


FIG.  2 — Change  in  italic  pressure  due  to  gradual  change  in 
olr-flow  cross-section 


FIG.  3 — Change  in  static  pressure  due  to  abrupt  change  in^ir- 
flow  cross-section 
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when  the  change  in  cross-sectional 
area  is  gradual  and  occurs  over  a 
duct  length  of  more  than  six  duct 
diameters.  When,  however,  the 
change  is  more  abrupt,  a correction 
for  friction  losses  must  be  made  in 
addition  to  the  correction  made  for 
velocity  changes  in  the  duct.  Cor- 
rections for  friction  losses,  whether 
due  to  either  a contraction  or  ex- 
pansion in  duct  area,  are  always 
positive  and  are  added  to  the  sys- 
tem static  pressure. 

A sudden  contraction  increases 
the  static  pressure  at  the  blower 
outlef*  according  to  the  relation 


AP. 


JCcVi^ 

(4,000)2' 


(3) 


where  is  a constant  which  de- 
pends upon  the  amount  of  contrac- 
tion and  is  included  in  a plot  of  Eq. 
3 in  Fig.  3. 

A sudden  expansion  increases  the 
static  pressure®  at  the  blower  outlet 
according  to  the  relation 


AP. 


(Fi  - 72)2 
(4,000)2 


(4) 


The  static  pressure  rating  of  the 
cooler  and  the  friction  losses  in  air 
filters  and  exit  louvers  produce 
nearly  all  of  the  static  pressure  at 
the  blower  outlet.  The  correction 
for  changes  in  cross-sectional 
area  are  usually  negligible  unless 
the  area  changes  are  very  large  and 
the  air  velocities  are  high.  The 
magnitude  of  the  corrections  in- 
volved may  be  obtained  from  Fig.  3. 

Another  factor  which  should  be 
considered  in  the  selection  of  a fan 
or  blower  is  the  amount  of  noise 
which  can  be  tolerated.  In  general, 
a blower  operating  with  high  blade- 
tip  velocity  and  developing  a value 
of  P,  in  excess  of  two  inches  of 
water  will  usually  produce  a notice- 
able amount  of  noise  in  quiet  sur- 
roundings. The  recommendations  of 
the  manufacturer  should  be  ob- 
tained in  applications  where  low 
noise  output  is  important.® 

When  a blower  is  chosen  for  a 
particular  application,  some  consid- 
eration should  be  given  to  the  char- 
acteristics of  the  blower  under 
varying  load  conditions.  A satisfac- 


tory and  widely  used  type  of  cen- 
trifugal blower  is  one  using  an 
impeller  wheel  having  a multitude 
of  small  vanes  or  blades  located  at 
the  rim  of  the  wheel  and  curved  in 
the  direction  of  rotation.  Such  a 
blower  will  develop  a given  static 
pressure  at  lower  blade-tip  velocity 
than  other  types  of  centrifugal 
blower,  with  a resultant  economy 
in  blower  size.  If,  however,  pro- 
longed operation  is  contemplated 
with  a tube  removed  from  its  socket 
and  thus  with  reduced  static  pres- 
sure at  the  blower  outlet,  a centrif- 
ugal blower  having  backwardly 
curved  blades  is  recommended,  since 
such  a blower  has  a nonoverloading 
characteristic.  In  such  a blower  the 
shaft  horsepower  reaches  a maxi- 
mum somewhere  in  the  middle  of 
its  operating  range  and  remains 
substantially  constant  for  a con- 
stant blower  speed  as  the  static 
pressure  at  the  blower  outlet  is  re- 
duced to  zero.  In  the  larger  sizes, 
this  type  of  blower  often  has  the 
further  advantage  of  permitting  di- 
rect drive  from  a 1,750-rpm,  60- 
cycle  a-c  motor  because  of  its  inher- 
ently higher  speed  of  operation. 

Axial  flow  fans  are  not  used  at 
present  in  any  appreciable  quantity 
for  tube  cooling  because  of  the  high 
motor  speeds  necessary  in  the  sizes 
of  fans  suitable  for  this  service. 
Their  small  size  and  in-line  flow 
characteristics  may  recommend 
them  for  special  application,  how- 
ever. 

Outlet-Air  Temperature 

A matter  of  lesser  importance  but 
one  which  may  require  some  design 
consideration  is  the  effect  of  the 
temperature  of  the  air  leaving  the 
tube  cooler  on  some  of  the  circuit 
components  such  as  filament  bypass 
capacitors.  If  some  components  are 
exposed  to  temperatures  exceeding 
their  normal  ratings  it  will  be 
necessary  to  reduce  the  temperature 
of  the  outgoing  air  by  selecting  a 
blower  which  will  provide  a greater 
air  flow.  The  rise  in  temperature 
(AT)  of  the  outgoing  air  in  the 
cooler  may  be  determined  from 
AT  = To  — Ti  = 

(Ti  + 273)  + Wf)  ... 

164  Q ® 


where  Ti  is  the  temperature  of  the 
incoming  air  in  degrees  centigrade, 
W,  is  tibe  plate  dissipation  in  watts, 
Wf  is  the  filament  power  in  watts, 
and  Q is  the  airflow  in  cubic  feet 
per  minute.  For  incoming  air  at 
room  temperature  (25  C)  this  rela- 
tion may  be  simplified  to 

(6) 

The  calculated  value  of  A T will 
usually  be  higher  than  the  meas- 
ured value  because  some  of  the  heat 
produced  by  the  plate  and  by  the  fila- 
ment will  be  carried  away  by  con- 
duction in  the  filament  leads  and 
cooler  support.  A further  reason  is 
that  the  heated  outgoing  air,  be- 
cause of  its  relatively  high  velocity, 
mixes  immediately  with  the  sur- 
rounding air.  Figure  4 is  a plot  of 
Eq.  5. 

High-Altitude  Operation 

Tube  operation  at  high  altitudes 
or  under  conditions  where  the 
blower  uses  air  having  a density 
appreciably  lower  than  standard 
density  is  sometimes  encountered. 
In  order  to  maintain  a constant  co- 
efficient of  heat  transfer  between 
the  cooler  fins  and  the  air  stream, 
the  mass  rate  of  air  flow  in  lb  of  air 
per  minute  must  be  held  constant 
for  all  values  of  air  density.  For  a 
blower  of  fixed  size  operating  into  a 
given  system,  the  mass  rate  of  air 
flow  can  be  held  constant  by  increas- 
ing the  speed  of  the  blower  in  in- 
verse ratio  of  the  air  densities.  In 
the  following  fan  laws,  subscript  1 
indicates  standard  air-density  con- 
ditions, subscript  2 indicates  lower 
air-density  conditions,  and  Wm  is 
blower-shaft  horsepower 


(rpm)a  = • 

di 

dx 

(rpm)i 

(7) 

/ j 

\2 

(I7„),  = 1 

] O] 

- ) (ff'm)l 

(8) 

(P.)2  = 

d, 

d% 

• (P.)l 

(9) 

02 

di 

d2 

■Qi 

(10) 

These  equations  may  be  used  in 
selecting  a blower  for  operation 
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FIG.  4 — Change  in  air  temperature  due  to  tube  power 
diBsipotion 


where  lower  than  standard  air 
density  prevails  by  first  computing 
the  air  flow  and  static  pressure  at 
the  blower  under  standard  density 
conditions  and  then  correcting  for 
the  different  air  density.  The  varia- 
tion of  air  density  with  altitude  and 
temperature  is  plotted  in  Fig.  5.  To 
find  the  air  density  from  this  figure 
at  any  temperature  and  altitude,  the 
following  relation  is  used : 

d = 13.3d„d,  (11) 

Testing  the  System 

After  the  system  has  been  in- 
stalled, the  static-pressure  (P.)  rat- 
ing for  the  tube  may  be  used  to  de- 
termine whether  sufficient  air  is 
being  supplied  to  the  cooler.  A 
simple  U-tube  manometer  may  be 
constructed  as  shown  in  Fig.  6, 
using  water  as  the  manometer 
liquid.  The  value  of  P,  may  be  read 
directly  as  the  difference  in  height 
of  the  liquid  levels. 

To  make  this  measurement  a 
small  hole  (No.  40  drill  size)  is 


FIG.  5 — Change  in  air  density  with  altitude  and  temperature 
oi  the  air 


The  value  of  P,  thus  obtained 
should  be  equal  to  or  greater  than 
the  value  given  in  the  tube  data  for 
the  air  flow  and  dissipation  re- 
quired. 

It  is  desirable  to  make  this  meas- 
urement with  the  equipment  operat- 
ing at  full  rated  output,  because  the 
static  pressure  required  for  a given 
air  flow  through  a tube  cooler  in- 
creases with  cooler  temperature. 
This  increase  in  static  pressure 
varies  approximately  from  2 to  15 
percent,  depending  upon  the  tube, 
as  the  temperature  rise  of  the  cooler 
is  increased  from  zero  to  the  maxi- 
mum allowable  temperature  rise. 
When  many  tubes  are  supplied  from 
a common  plenum  chamber  it  is  usu- 
ally sufficiently  accurate  to  measure 
the  static  pressure  in  the  plenum 
chamber  and  assume  that  this  pres- 
sure is  the  actual  static  pressure 
present  at  the  tube  inlet. 

Standard  methods  of  testing 
blowers  and  fans  have  been  pub- 
lished*. 

Example 

By  way  of  illustration,  let  us 
assume  that  it  is  required  to  select 


drilled  in  the  air-supply  duct  at 
some  suitable  place  at  least  three 
inches  below  the  cooler.  Care  should 
be  taken  that  the  hole  is  free  from 
burrs  and  is  located  in  a smooth 
section  of  air  duct  at  least  three 
inches  away  from  any  joints,  air- 
flow interlock  vanes  or  other  ob- 
structions. The  inlet  of  the  manom- 
eter is  connected  to  this  hole  by 
means  of  a suitable  length  of  rubber 
tubing.  The  outlet  of  the  manom- 
eter is  connected  to  some  point  in 
the  tube  enclosure  space  or  equip- 
ment cabinet  which  is  maintained  at 
the  static  pressure  into  which  the 
tube  air  flow  must  discharge  under 
normal  service  conditions.  This 
measurement  is  normally  made  by 
inserting  the  rubber  tubing  con- 
nected to  the  manometer  outlet 
through  a louvre  or  other  opening 
in  the  cabinet  wall  into  a region  in 
the  cabinet  where  the  air  velocity  is 
negligibly  small.  All  doors  and 
other  openings  normally  closed  in 
operation  must,  of  course,  be  closed. 
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a blower  for  two  5671  tubes  oper- 
ated at  maximum  ratings.  The  tube 
data  indicate  that  an  air  flow  (Q) 
of  1,800  ft*  per  min  per  tube  is  re- 
quired with  a static  pressure  (P.) 
at  the  tube  inlet  of  2.2  inches  of 
water.  The  inlet  air  temperature  is 
assumed  to  be  21  C and  the  equip- 
ment is  assumed  to  be  operated  at 
sea  level,  so  that  no  correction  for 
air  density  need  be  made.  A typical 
layout  for  the  required  ductwork 
is  shown  in  Fig.  7. 

The  problem  here  is  to  And  the 
effective  static  pressure  required  at 
the  blower  outlet.  This  static  pres- 
sure will  be  made  up  of  the  tube 
static  pressure  rating,  the  air-filter 
static-pressure  rating,  the  friction 
losses  in  the  straight  duct  and  the 
elbows,  and  the  change  in  static 
pressure  due  to  any  changes  in 
cross-sectional  area  of  the  air  ducts. 
The  static-pressure  rating  of  the 
tube  has  already  been  given  as  2.2 
inches  of  water  at  1,800  ft*  per  min. 
An  air  filter  of  proper  design  and 
adequate  air  flow  cross-section 
should  have  a static  pressure  rating 
of  about  0.25  inch  of  water. 

Before  evaluating  the  remaining 
static  pressure  contributions  of  the 
system,  it  is  necessary  to  make  a 
tentative  blower  selection  in  order 
to  fix  its  outlet  area.  Since  the  air- 
flow paths  of  the  two  tubes  are  in 
parallel,  the  blower  is  required  to 
deliver  cooling  air  at  a rate  of : 

Q = 2 (1,800)  = 3,600  ft*  per  min 

The  static  pressure  due  to  the 
tubes  and  air  filter  is  approximately 

P,  = 2 .2  ■+■  0 .25  = 2 .5  inches  of  water 

The  cross-sectional  area  (A)  of 
the  tube  air  inlet  may  now  be  ob- 
tained from  the  tube  dimensional 
outline.  For  the  5671,  the  diameter 
(D)  of  the  air-inlet  duct  is  approxi- 
mately 1 foot.  The  tube  air-inlet 
area  is  A = 7rZ174  = 0.78  ft*  per 
tube  or  1.56  ft*  for  the  two  tubes. 

An  examination  of  blower  cata- 
logs shows  that  the  Buffalo  Forge 
Company  size  2f , single-inlet  single- 
width Limit  Load  fan  has  an  outlet 
area  of  1.56  ft*  and  would  appar- 
ently be  a suitable  selection.  How- 
ever, in  order  to  deliver  3,600  ft* 


per  min  against  a static  pressure  of 
2.5  inches  of  water  the  blower  speed 
must  be  approximately  1,880  rpm. 
This  speed  would  not  permit  the 
blower  to  be  connected  directly  to  a 
60-cycle  induction  motor  with  a 
rated  load  speed  of  1,725  rpm.  A 
blower  with  a larger  wheel  diam- 
eter, however,  will  permit  the  use 
of  a lower  speed  for  the  same  static 
pressure.  The  Limit  Load  size  3 
will  deliver  3,600  ft*  per  min  against 
three  inches  of  water  at  1,720  rpm. 
Because  the  outlet  area  of  this  fan 
is  1.86  square  feet,  a reduction  in 
air  flow  cross-sectional  area  is 
necessary  in  the  connection  between 
the  blower  and  the  tube.  If  Ai  is 
the  blower  outlet  area  and  As  is  the 
tube  inlet  area  then  the  area  ratio 


The  air  velocity  F*  at  the  tube 
inlet  is 

xr  Q 3,600  r,  oiA  fi. 

Fj  = — = ■ ’ - = 2,310  ft  per  min 

1 • 00 


FIG.  6 — Simple  U-tnbe  manometer,  use- 
ful for  system  tests 


From  Fig.  2,  the  change  in  static 
pressure  (AP.)  in  going  from  sec- 
tion 2 to  section  1 is  -f  0.14  inch  of 
water.  Since  this  value  is  positive, 
it  must  be  added  to  the  tube  static- 
pressure  rating.  This  static-pres- 
sure value  is  based  upon  the  as- 
sumption that  the  change  in  air-flow 
cross-sectional  area  was  made  grad- 
ually. In  most  cases,  however,  a 
gradual  change  is  not  practical.  For 
the  duct  layout  shown  in  Fig.  7 a 
further  correction  for  a sudden  con- 
traction in  duct  area  must  also  be 


made  and  added  to  the  tube  static- 
pressure  rating.  From  Fig.  3 it  is 
seen  that  this  correction  (AP.)  is 
0.04  inch  of  water. 

The  remaining  causes  of  system 
static-pressure  losses  are  the  elbows 
and  the  straight  length  of  ductwork 
from  the  blower.  The  values  of 
these  losses  may  be  obtained  from 
most  blower  catalogs  or  texts  on  air 
conditioning.  For  a 10-foot  length 
of  rectangular  duct  191  in.  X 144 
in.,  to  fit  the  outlet  of  the  size  3 sin- 
gle-width blower,  the  static-pres- 
sure loss  due  to  friction  is  found  to 
be  0.02  inch  of  water.  The  static- 
pressure  loss  in  the  elbows  can  be 
determined  from  published  charts 
in  terms  of  an  equivalent  length  of 
straight  pipe  having  the  same  cross- 
sectional  area.  In  this  case  it  is 
equal  to  a length  of  approximately 
nine  equivalent  pipe  diameters  in 
straight  pipe  for  the  radius  of  cur- 
vatures of  the  bend  scaled  from  Fig. 
7.  For  the  square  duct  13  in.  x 13 
in.  the  friction  static-pressure  loss 
is  0.018  inch  of  water.  It  is  evident 
from  the  above  that  unless  abnor- 
mally small  duct  sizes  are  used  for  a 
given  air  flow  the  correction  for 
elbows,  etc,  are  small. 

When  we  collect  and  add  up  all 
the  contributions  of  static  pressure 
in  inches  of  water,  we  obtain 


5671  tubes 2.20 

Air  filter 0.25 

Duct  contraction 0.14 

Correction  due  to  sudden  duct 

contraction 0.04 

Elbow  and  duct  friction  ....  0.04 


2.67 

The  sum  of  all  the  static  pres- 
sures obtained  above  is  known  as 
the  system  static  pressure  at  the 
blower  outlet  at  the  rated  flow  of 
3,600  ft*  per  min.  Since  all  of  these 
items  vary  approximately  as  the 
square  of  the  velocity,  and  hence  Q, 
at  the  blower  outlet,  the  system 
static  pressure  curve  may  be  plotted 
from  the  relation 

(p.). -/>.(-!-)■ 


(P.)*  = 2.06  X lO-’f  (g*)* 
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where  (P,),  is  the  static  pressure- 
of  the  system  measured  at  the 
blower  outlet  for  any  value  of  air 
flow  Q,.  This  equation  is  plotted 
in  Fig.  1. 

The  intersection  of  the  fan  char- 
acteristic curve  and  the  system 
characteristic  curve  in  Fig.  1 indi- 
cates the  operating  point  of  the 
combination  and  shows  that  3,700 
ft*  per  min  will  be  delivered  to  the 
tubes  with  a static  pressure  at  the 
blower  outlet  of  2.85  inches  of 
water.  The  catalog  ratings  show 
that  2.4  horsepower  is  required. 
Since  the  maximum  horsepower  for 
this  blower  at  1,725  rpm  is  shown  as 
2.7  horsepower  a three-horsepower 
motor  would  be  a logical  choice. 

From  Fig.  4,  the  air  temperature 
at  the  tube  outlet  may  be  obtained. 
The  power  dissipated,  in  watts  per 
ft*  per  min,  is 

2(W,  + Wf)  _ 2(25,000  + 3,140) 

Q 3,700 

15  watte  per  ft*  per  min. 

For  an  inlet  air  temperature  of 
21  C,  the  tube  outlet  air  tempera- 
ture is  found  from  Fig.  4 to  be  48  C. 
This  value  is  generally  of  interest  to 
the  equipment  designer  in  order  to 
predict  the  maximum  temperature 
to  which  various  components  located 
in  the  outlet  air  stream  will  be 
exposed. 

High-Altitude  Example 

The  preceding  example  consid- 
ered the  selection  of  a blower  for  a 
cooling  system  operating  under 
normal  conditions  of  temperature 
and  atmospheric  pressure.  If  this 
same  system  were  to  be  operated  at 
an  altitude  of  5,000  feet  above  sea 
level  and  with  an  inlet  air  tempera- 
ture of  45  C a correction  for  the 
reduced  air  density  would  be  neces- 
sary. 

From  Fig.  5,  at  an  altitude  of 
5,000  feet  and  a temperature  of  21 
C the  density  da  = 0.062  lb  per  ft*; 
at  sea  level  and  a temperature  of 
45  C the  density  d,  = 0.069  lb  per  ft®. 
From  Eq.  11  the  actual  air  density 
d = l^.Sdadt  = 13.3(0.062)  (0.069) 

= 0.057  lb  per  ft®.  The  blower  se- 
lected in  the  previous  example  may 
be  used  to  deliver  the  same  mass 
rate  of  air  flow  when  handling 


lower-density  air  by  increasing  its 
speed  in  accordance  with  Eq.  7 

(rpm)v=  (rpm)i  = (1,720)  = 

2,260  rpm 

The  blower-shaft  horsepower  rat- 
ing given  in  the  first  example  must 
be  corrected  in  accordance  with 
Eq.  8 


= 4.16  horsepower 

The  static  pressure  measured  at 
the  blower  outlet  when  the  blower  is 
handling  the  lower  density  air  is 


3 .8  inches  of  water 


The  air  flow  under  these  condi- 
tions may  be  found  from  Eq.  10, 
although  there  is  no  particular 
need  for  the  value  found.  The  out- 
let air  temperature  is  the  same  as 
found  in  the  first  example  because 
the  mass  rate  of  air  flow  has  been 
held  constant. 


The  two  examples  given  illustrate 
the  procedure  to  be  followed  in  se- 
lecting blowers  to  supply  the  re- 
quired air  flow  to  the  external-anode 
coolers  of  typical  power  tubes.  The 
same  procedure  can  be  used  to  cal- 


culate the  effective  static  pressures 
at  the  blower  outlet,  or  inlet  for  suc- 
tion systems,  for.  any  air  system 
which  may  be  used  to  cool  the  seals, 
bulbs  or  headers  of  vacuum  tubes. 

In  general,  unless  the  air  system 
is  long  and  has  many  sharp  bends 
and  large  abrupt  changes  in  air  flow 
cross-section  and  unless  the  air 
velocity  is  abnormally  high  in  ducts 
of  small  cross-section  the  correc- 
tions for  duct  friction  and  area 
changes  are  small.  The  largest  con- 
tributors to  the  static  pressure  at 
the  blower  outlet  are  the  tubes 
themselves  and  the  air  filtering  sys- 
tems. One  major  exception  to  this 
last  statement,  however,  is  the  pres- 
ence of  inadequately  designed  air 
exit  louvres  or  openings  in  the  en- 
closing cabinet.  These  openings 
should  be  designed  with  adequate 
area  so  that  the  air  velocity  through 
them  is  kept  as  low  as  possible. 
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Attenuation,  coaxial  stub.  551 
between  paraboloid  antennas,  70 
in  waveguides,  559 
Attenuation  nomographs,  uhf,  412 
Attenuators,  audio,  258 
bilaterally  matched,  553 
piston,  333 

single-input  with  multiple  outputs,  258 
waveguide,  327,  529 
Audio  amplifier,  damping,  94 
hum  reduction,  532 
positive  and  negative  feedback,  104 
tunable,  101 
Williamson,  94 

Audio  distortion  measurement,  122 
Audio  distortion  meter,  589 
Audio  equalization,  137 
Audio  equalizer  chart,  247,  249 
Audio  failure  alarm,  141 
Audio  filters,  dynamic  noise  suppressor,  242 
high-pass,  242 
oscillator  rejection,  101 
Audio  frequencies,  phase  measurement,  264 
Audio-input  limiter  for  mobile  f-m,  569 
Audio  intercom,  multistation,  127 
voice-controlled,  131,  133 
Audio  level  alarm,  automatic,  141 
Audio  level  nomograph,  110 
Audio  noise  suppressor,  1 18 
Audio  oscillator  (see  Oscillator) 

Audio  phase  meter,  single-tube,  274 
Audio  pickup  placement,  114 
Audio  pickup  response.  111 
Audio  prompting  system,  inductive,  142 
Audio  signal  generator,  bandspread,  361 
Audio  speech  inverter,  137 
Audio  tone  control,  115 
Audio  tone  source.  233 

Audio  and  ultrasonic  frequencies,  measuring  phase 
at,  264 

Audio  vtvm,  logarithmic,  286 
Automatic  a-c  bridges,  279 
Automatic  audio  level  alarm.  141 
Automatic  intercom,  voice-controlled,  131,  133 
Autosyn  phase  shifter,  458 


B 


Background  noise  suppressor,  118 
Balancing  bridge,  automatic.  279 
Baiun,  turnstile  antenna  feed,  76 
Baiun  slots,  impedance-matching,  55 
Baiun  transformer,  vhf,  10 
Band-pass  filters,  corrugated-waveguide,  327 
phase-shift,  234 

Bandspreading  resistance-tuned  oscillators,  361 
Bandwidth,  cascaded  circuits,  521 
cathode-follower,  3 
resistance-coupled  amplifier,  6 
television  i-f,  183 
Bandwidth  chart,  i-f  amplifier,  27 
Bandwidth  nomograph,  i-f  amplifier,  1 
Baseline  for  visual  alignment  systems.  164 
Bass  tone  control,  115 
Battery-operated  vtvm,  294 
Bazooka,  538 

Beam,  infinite-rejection,  73 
Beat-frequency  chart,  518 


Beat-frequency  oscillator,  warbler  for,  125 
Beat-frequency  tone  generator  with  r-c  tuning,  124 
Beat-note  interference  suppression,  528 
Bifilar  i-f  coils,  183 
Bilaterally  matched  attenuator.  553 
Bisectional  horn  antennas,  71 
Blocking  oscillator,  430 
improved  vertical,  437 

Blower  selection  for  forced-air  cooled  tubes,  596 
Boella  effect,  resistors,  194 

Bolometer  amplifier  for  microwave  measurements, 
296 

Booster,  fixed-tuned  television,  10 
Break-in  circuit,  voice-operated,  578 
Bridge  network  modifications,  Wien,  259 
Bridge-stabilized  oscillator,  389 
Bridge  voltage  charts,  279 
Bridged-T  audio  equalizer  chart,  247 
Bridged-T  filter,  589 
Bridged-T  networks,  234 

Bridged-T  neutralization  of  pentode  amplifiers,  9 
Bridges,  automatic  a-c,  279 
Brightness,  picture  tube,  149 
Broad-band  television  booster,  10 
Broadcast  antenna,  antifading,  47 
Broadcast  receiver,  remote  pickup,  481 
Broadcast  station  audio  failure  alarm,  141 
Broadcast  studios,  accurate  time  for,  308 
Broadcast  tape  speed  control,  144 
Broadcasting,  multi W antenna  for  f-m,  60 
Built-in  instrumentation,  a-c  voltmeter  for,  293 
Busy  signal,  voice-operated,  136 
Buzzer  test  oscillator,  kilomegacycle,  333 


C 

CAA  noise  test,  516 
Calculations,  selectivity,  521 
uhf  field  intensities,  409 
Calculator,  pattern,  for  a-m,  81 
Calibrator,  radar  range,  467 
Cancellation  amplifier,  593 
Capacitance  bridge,  automatic,  279 
Capacitor,  temperature-coefficient,  adjustable,  197 
Capacitor  nomograph,  temperature-compensating, 
195 

Capacitor  voltage  divider,  regulated.  405 
vacuum,  295 

Carrier  communication  level  regulator,  582 
Carrier  failure  alarm,  51,  141,  586 
Carrier-frequency  voltmeter.  292 
Carrier-operated  squelch  relay,  516 
Carrier-shift  check  meter,  299 
Carrier  systems,  voice-operated  switching  of,  578 
Cascaded  circuits,  bandwidth  of,  521 
Cathode-compensated  video  amplification,  14 
Cathode-coupled  amplifier  (see  Amplifiers,  cathode- 
coupled) 

Cathode-coupled  clipper,  264 
regenerative,  430 
Cathode  follower.  392 
afc,  124 

Cathode-follower  amplifier,  3,  4 
tuning,  8 

Cathode-follower  bandwidth,  3 
Cathode-follower  response,  4 
Cathode-follower  tone  control.  115 
Cathode-ray,  fast  sweep  circuit,  165 
linear  sweep  generator,  168 
Cathode-ray  alignment,  television.  164 
Cathode-ray  oscillography,  millimicrosecond,  156 
Cathode-ray  oscilloscope,  151 
Cathode-ray  phase  angle  display,  162 
Cathode-ray  phase  meter.  272 
Cathode-ray  photography,  180 
Cathode-ray  radiation  pattern  tracer,  83 
Cathode-ray  tube  measurements.  149 
Cavities,  800-mc  tunable,  333 
klystron,  320 

Cavity-type  preselector,  312 
Cavity  wavemeter,  346 

Central  antenna  installations,  wide-band  amplifier 
for,  91 

Chain  amplifier,  traveling-wave,  316 
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Channel  decoder,  telemetering,  441 
Channels,  few  crystals  control  many,  512 
Characteristic  impedance,  transmission  line,  540 
Charts,  amplifier  stabilization,  109 
blower,  596 
choke-input  filter.  255 
coaxial  line  impedance,  548 
equalizer  design,  249 
high-frequency  transmission-line,  546 
. i-f  coil  form  factor,  187 
microwave  diffraction,  418 
mixer  harmonic,  518 
network  design,  244 
noise  figure,  480 
Q-meter  . impedance,  276 
power-level,  40 
Smith  isee  Smith  chart) 
uhf  propagation,  409 
universal  equalizer.  247 
Check  meter,  carrier-shift.  299 
Checking  crystals,  198 
Choke  design,  189 
Choke-input  filter  chart,  255 
Circuits,  drift-cancellation,  527 

electronic,  has  logarithmic  response,  286 
fast  sweep,  165 
panoramic  sweep.  524 
transistor  frequency-modulator,  571 
vtvm,  290 

Circular  sweep  circuit,  272 

Circularly  polarized  radiation,  hejical  antenna,  56 
Citizens  band  signal  generator,  397 
Citizens  radio  helical  antennas,  56 
Citizens  radio  wavemeter,  346 
Clamped  oscillator,  382 
Clapp  oscillator,  twin,  388 
Clipped  oscillator,  382 
Clipper,  cathode-coupled,  264 
regenerative,  430 
square-wave,  497 
sync,  433 

Clock,  broadcast  studio,  308 
Coax  diameters,  optimum,  548 
Coaxial  correction  stub,  551 
Coaxial  feed  system  for  antennas,  77 
Coaxial  line.  Impedance  nomograph,  540 
Coaxial  line  diameters,  548 
Coaxial  line  matching  transformer,  190 
Coaxial-stub  filter,  551 
Coaxial  wavemeter,  346 

Coefficient  capacitor,  adjustable  temperature,  197 
Coefficient  in  tuned  r-f  transformers,  measure  cou- 
pling, 188 

Coil  design,  television  i-f,  182 
Coil-winder  nomograph,  191 
Coils,  bifilar  i-f,  183 
Colpitts  oscillator,  387 
uhf,  397 

Combining  positive  and  negative  feedback,  104 
Combining  sound  levels,  110 

Communication,  multichannel,  stabilized  master  os- 
cillator for,  376 

Communication  break-in,  voice-operated,  578 
Communication  level  regulator,  carrier,  582 
Communications  receiver,  airways  vhf,  516 
drift-cancellation,  527 
heterodyne  eliminator,  528 
Compact  microwave  signal  generator,  339 
Comparison,  accurate  instantaneous  frequency,  298 
frequency,  with  WWV,  302 
Compensated  video  amplifier,  14,  24 
Compensating  capacitor,  adjustable,  197 
Compensating  capacitor  nomograph,  195 
Compensation,  crystal  pickups.  111 
Compensation  chart,  audio,  247,  249 
Complex  tone  generator  for  deviation  tests,  304 
Complex  voltages,  measuring,  269 
Constant-amplitude  oscillator,  382 
Control,  broadcast  tape  speed,  144 
crystal,  microwave  generator  with,  336 
instantaneous  deviation,  563 
remote,  for  radio  tuning,  531 
versatile  tone,  115 
Conversion  of  piano  to  organ,  217 
Converters,  gain-doubling,  34 
gated-beam,  38 
pulse-sinewave,  454 

Cooled  tubes,  forced-air,  blower  selection  for,  596 
Correction  stub,  coaxial,  551 
Corrugated-waveguide  band-pass  filters,  327 
Coupler,  antenna,  multiple  tv,  74 
Coupling  amplifier,  tv  antenna,  75 
Coupling  coefficient  in  tuned  r-f  transformers,  meas- 
ure, 188 


CRO  display  of  phase  angle,  aids  to,  162 
Cross  modulation,  ionospheric,  424 
Crosshatch  generator,  television,  180 
Crystal  control,  microwave  generator.  336 
Crystal-controlled  receiver,  481.  512 
Crystal  delay  line,  461 
Crystal  diode  circuit,  vertical  sync.  437 
Crystal  diode  pulse  stretcher,  446 
Crystal  filter,  lattice-type.  260 
Crystal  oscillator,  harmonic,  352 
phase-modulated,  312 
triode,  363 

Crystal  oscillator  design,  overtone,  352 
Crystal  pickup  response.  111 
Crystal-saving  oscillator,  376 
Crystal  triode  frequency  modulator,  571 
Crystal  triodes.  testing,  202 
Crystal  voltmeter,  high-frequency,  289 
Crystals,  checking,  198 
few,  control  many  channels,  512 
frequency  checking,  198 
Cuing  system,  inductive,  142 
Curves,  absorption  trap  response,  238 


D 


Damping,  audio  amplifier,  94 
Db-scale  vtvm,  286 
D-C  amplifier.  108 
D-C  restorer,  double-ended,  476 
Decay  time  measurement,  pulse  rise  and,  449 
Delay  limiter,  a-m  transmitter.  565 
Delay-line  pulse  stretcher,  446 
Delay  lines,  improved  ultrasonic,  461 
Delay  network  tester,  radar,  466 
Delay  for  radar  ranging,  variable  pulse,  458 
Demultiplication  circuit,  301 
Design,  of  'absorption  traps,  238 
coil,  television  i-f,  182 
crystal  filter,  260 
disguised  antenna,  67 
for  electronic  reed  organ,  224 
f-m  receiver,  problems  of,  504 
graphical  iron-core  reactor,  188 
oscillator,  overtone  crystal,  352 
of  pipeless  organ,  212 
television  front-end,  483 
transit-time  effects  in,  494 
transformer,  wideband  series-parallel,  190 
Wien-bridge  network,  259 
Design  chart,  equalizer,  249 
network,  244 

Detector  analysis,  f-m  receiver,  504 

Deviation  control,  instantaneous,  563 

Deviation  limiter,  simple,  570 

Deviation  tests,  complex  tone  generator  for,  304 

Diameters,  optimum  coax.  548 

Diatonic  scale,  music,  229 

Dielectric  constant  measurement,  350 

Differential  amplifier,  234 

Diffraction  charts,  microwave,  418 

Diode,  gas,  electronic  organ,  205 

Diode  vtvm,  290 

Direct-coupled  phase  inverter,  108 
Direct  frequency  measurement,  301 
Direct-reading  r-f  wattmeter,  296 
Discriminator,  pulse-width,  441 
Discriminator  analysis,  f-m.  504 
Disguised  antenna  design,  67 
Display  of  phase  angle,  aids  to  cro,  162 
Distortion  measurement  device,  122 
Distortion  and  noise  meter,  589 
Distributed  amplifier,  156 
Distribution  amplifier,  tv  antenna,  75 
Dividers,  regulated  voltage,  405 
vacuum-capacitor  voltage,  295 
Division,  frequency,  with  phase-shift  oscillators,  367 
Double-ended  d-c  restorer,  476 
Drift-cancellation  circuit,  527 
Dummy  antennas,  vhf,  92 
Duplexing,  microwave,  320 

Dynamic  noise  suppressor,  filter  characteristics  for, 
242 


E 


Eccles-Jordan  fiip-flop  circuit,  264,  444 
Efficiency  of  mismatched  lines,  554 
Electronic  circuit,  logarithmic  response  of,  286 
Electronic  music  (see  Music,  electronic) 


Electronic  organs,  209 
experiments  with,  228 
gas-diode,  205 
neon-tube,  205 
reed,  design  for,  224 
Electronic  switch,  466 
cathode-ray,  168 

Electrostatic-field  hum  reduction,  532 
Electrostatic  pickup  from  reeds,  224 
Eliminator,  heterodyne,  528 
Emergency  transmitter  starter,  587 
Equalization,  audio,  137 
tone  control,  115 
Equalizer,  crystal  pickup.  111 
Equalizer  chart,  universal,  247 
Equalizer  design' chart,  249 

Equalizer  networks,  R-C  and  R-L,  transfer  func- 
tions for,  250 

Evaluation,  television  receiver  signal-noise,  520 
Exalted-carrier  detector,  593 

Excitation,  self-regulating  field,  for  magnetrons,  341 
Extending  linear  range  of  reactance  modulators,  575 


F 

Failure  alarm,  audio,  141 
carrier,  51,  141,  586 
Fast  sweep  circuit,  165 
Feed  system,  coaxial,  for  antennas,  77 
Feedback,  combining  positive  and  negative,  104 
mechanical,  118 

motional,  improving  loudspeaker  response,  119 
pickup  compensation.  111 
positive,  29 
Feedback  amplifiers,  5 
audio,  94 

modified  Wallman,  28 
tuning  systems,  8 
video,  11 

Feedback  chart,  109 
Feeding  turnstile  antennas,  76 
Field  excitation  for  magnetrons,  self-regulating,  341 
Field  intensities,  calculating  uhf,  409 
microwave,  418 
vhf,  407 

Field  surveys,  tv,  technique  for,  420 
Figure  chart,  noise,  480 
Filament  voltage  regulator,  404 
Filter  characteristics  for  dynamic  noise  suppressor, 
242 

Filter  chart,  choke-input,  255 
Filters,  band-pass,  234,  327 
phase-shift,  234 
bridged-T,  589 
coaxial-stub,  551 
crystal,  lattice-type,  260 
dynamic  noise  suppressor,  242 
high-pass  audio,  242 
low-pass  audio,  118 

low-pass  iterative,  transference  nomographs  for, 
253 

m-derived,  156 
mechanical,  in  waveguide,  327 
oscillator  rejection,  audio,  101 
stop-band,  242 

Five-kw  phase-to-amplitude  transmitter,  560 
Fixed-tuned  broad-band  television  booster,  10 
Fixed-tuned  vhf  amplifier,  10 
Flip-flop,  Eccles-Jordan,  264,  444 
Flip-flop  multivibrator,  133 
Flip-flop  phase  comparator,  264 
Flush-mounted  antenna  for  mobile  application,  64 
F-M,  mobile,  audio-input  limiter  for,  569 
open-wire  line  for,  538 
F-M  broadcasting  antenna.  multi-V,  60 
F-M  detector,  locked-in  oscillator,  370 
synchronized-oscillator,  504 
F-M  deviation  tests,  304 
F-M  oscillators,  389,  392,  575 
F-M  receiver  design  problems,  504 
F-M  studio-transmitter  link,  325 
F-M  transitron  oscillator,  387 
F-M  transmitter  deviation  control,  563 
F-M  transmitter  deviation  limiter,  570 
Forced-air  cooled  tubes,  blower  selection  for,  596 ' 
Form  factors  of  i-f  transformers,  determining,  187 
Fourier  analysis,  graphical,  454 
Free-space  propagation,  uhf,  412 
Frequencies,  audio  and  ultrasonic,  measuring  phase 
at,  264 

high  crystal  voltmeter,  289 
resistor  behavior  at,  194 
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of  reflex  oscillators,  stabilizing,  341 
spurious  mixer,  518 
Frequency  checking,  crystals,  198 
Frequency  comparison,  accurate  instantaneous,  298 
Frequency  converters,  gain-doubling,  34 
Frequency-deviation  oscillator,  575 
Frequency  divider,  205 
Frequency-dividing  oscillator,  449 
Frequency  division  with  phase-shift  oscillators,  367 
Frequency  measurements,  direct,  301 
production-line,  302 
shift,  299 

Frequency  meter,  citizens  radio,  346 
Frequency  modulator,  576,  577 
Frequency-modulator  circuit,  transistor,  571 
Frequency  multiplier,  456 
Frequency  standard  for  clocks,  308 
Frequency  voltmeter,  carrier,  292 
Fresnel  zone,  412,  418 
Front-end  design,  television,  483 
transit-time  effects  in,  494 
Fronts,  pulse,  steepness  of,  451 
Functions,  transfer,  for  R-C  and  R-L  equalizer  net- 
works, 250 


G 

Gain,  feedback  amplifier,  5 
stabilizing,  109 

Gain-bandwidth  nomograph,  1 
Gain-doubling  frequency  converters,  34 
Gain  measurement,  antenna,  90 
Gain  nomograph,  receiver,  478 
Gas-diode  electronic  organ,  205 
Gas  tube  regulation,  406 

Gas  tube  voltage  regulators,  optimum  parameter  for, 
406 

Gated-beam  mixer,  38 
Gated-beam  tube,  for  intercarrier  sound,  97 
square-wave  generator  using,  365 
General-purpose  precision  oscilloscope,  151 
Generation,  linear  sweep,  168 

Generators,  beat-frequency  tone,  with  R-C  tuning, 
124 

citizens  band  signal,  397 
compact  microwave  signal,  339 
complex  tone,  for  deviation  tests,  304 
inexpensive  picture,  169 
low-distortion  a-m  signal,  593 
low-frequency,  444 
microwave,  333,  336,  339 
radar  test,  471 

sawtooth  isee  Sawtooth  generators) 
sine  and  square-wave,  and  selective  amplifier,  445 
square-wave,  264,  365,  445 
television  crosshatch,  180 
television  signal,  picture-modulated,  174 
variable  pulse-length,  430 
Germanium  transistors,  testing,  202 
Graph  for  Smith  chart,  558 
Graphical  antenna  pattern  calculation,  81 
Graphical  Fourier  analysis,  454 
Graphical  iron-core  reactor  design,  188 
Graphical  power-level  computations,  40 
Graphical  solution  for  feedback  amplifiers.  5 
Grid-detection  vtvm,  290 
Grounded-grid  r-f  amplifier,*  483 
Grounded-grid  tv  mixer,  483 
Guyed  tower  loading,  41 


H 

Half-shot  multivibrator,  456 

Hammond  Solo  vox  principles,  221 

Harmonic  chart,  mixer,  518 

Harmonic  crystal  oscillator,  352 

Harmonic  interference,  video  detector,  500 

Hartley  oscillators,  electronic  organ,  209 

Hartshorn’s  curve  for  resistors,  194 

Head-end  design,  television,  483 

Heaters,  stabilizing,  404 

Helical  antennas,  construction  of,  56 

Heterodyne  audio  oscillator,  124,  125 

Heterodyne  eliminator,  528 

Heterodyne  frequency-shift  meter,  299 

High-fidelity,  measurement,  122 

High-fidelity  response  from  phonograph  pickups.  111 

High  frequencies,  resistor  behavior  at,  194 

High-frequency  crystal  voltmeter,  289 

High-frequency  impedance  plotter,  344 


High-frequency  transmission-line  chart,  546 

High-Q  variable  reactance,  392 

High-resistance  measurement,  278 

High-speed  oscillography,  156 

Horizontally  polarized  omnidirectional  antenna,  55 

Horn  antennas  for  television,  71 

Hum  reduction,  532 

Hybrid  circuit,  320 


Ice  loading,  antenna,  41 

IDC  circuit,  f-m,  563 

I-F  amplifier  design,  stagger-tuned,  27 

I-F  amplifier  gain-bandwidth  nomograph,  1 

I-F  coil  design,  television,  182 

I-F  coils,  bifilar,  183 

I-F  transformers,  determining  form  factors  of,  187 
I-F  response  curves,  238 
Impedance,  transmission  line,  540 
Impedance  charts,  Q-meter,  276 
transmission  line,  546 
Impedance  match  test,  297 
Impedance-matching,  coax  to  antenna,  77 
magic  tee,  346 

theoretical  limitations  to,  556 
Impedance-matching  nomograph,  246 
Impedance-matching  transformer,  antenna.  76 
Impedance  plotter,  high-frequency,  344 
Improved  antenna  pattern  measurement  facilities,  89 
Improved  pulse  stretcher,  446 
Improved  speech  inverter  system,  137 
Improved  ultrasonic  delay  lines,  461 
Improved  vertical  synchronizing  system,  437 
Improving  loudspeaker  response  with  motional  feed- 
back, 119 

Improving  program-limiter  performance.  565 
Impulse  generator,  466 
Incremental  phase  splitter,  474 
Indicator,  arc-back,  400 
Inductance  bridge,  automatic,  279 
Inductance  nomograph,  182 
Inductive  prompting  system,  142 
Inductors,  bifilar,  183 
form  factor,  187 
iron-core,  189 
r-f,  188 

Inexpensive  picture  generator,  169 
Infinite-rejection  beam,  73 
Input  admittance,  compensated  amplifier,  14 
Installations,  central  antenna,  wide-band  amplifier 
for,  91 

Instantaneous  deviation  control,  563 
Instantaneous  frequency  comparison,  accurate,  298 
Instrumentation,  built-in,  a-c  voltmeter  for,  293 
Instruments,  musical,  tone  source  for,  233 
Intensities,  field  (see  Field  intensities) 

Intercarrier  sound,  simplified,  97 
Intercarrier  sound  detector,  oscillator,  370 
Intercom  system,  simplified  multistation,  127 
voice-controlled,  131,  133 
Interference,  internal,  television  receiver,  500 
Interference  patterns,  synthesized,  80 
Interference  suppression,  beat-note,  528 
Interferometer  for  microwaves,  350 
Interlace  improvement,  television,  437 
Internal  television  receiver  interference,  500 
Inverted-triode  vtvm,  290 
Inverter,  alternate-pulse,  456 
phase,  direct-coupled,  108 
Inverter  system,  speech,  improved,  137 
Ionospheric  cross  modulation,  424 
Iron-core  reactor  design,  graphical,  188 
Isolation  amplifier,  tv  master  antenna,  75 
video,  11 

Iterative  filters,  low-pass,  transference  nomographs 
for,  253 


J 


J antenna,  67 
Just  scale,  music.  229 


K 


Keying  of  oscillators,  square-wave,  385 
Kilomegacycle  buzzer  test  oscillator,  333 
Klystron  frequency  stabilization,  341 


Klystron  modulator,  339 
Klystrons,  multiplexing,  320 


L 


L network  design  charts,  244 
L network  nomograph,  246 
Lamp-bulb  dummy  antenn^,  92 
Lattice-type  coil  nomograph,  191 
Lattice-type  crystal  filter,  260 
Level  alarm,  automatic  audio,  141 
Level  regulator,  carrier  communication,  582 
Levels,  sound,  combining,  110 
Limiter-detector,  gated-beam  tube,  97 
Limiters,  audio-input,  for  mobile  f-m,  569 
receiver  noise,  516 
simple  deviation,  570 
Line  amplifier,  video,  11 
Line  diameters,  coaxial,  548 
Line-of-sight  attenuation  chart,  70 
Linear  range  of  reactance  modulators,  extending, 
575 

Linear  sweep  generation.  168 
Lines,  for  f-m,  open-wire,  538 
improved  ultrasonic  delay,  461 
mismatched,  efficiency  of,  554 
Link,  studio-transmitter,  325 
Load  match  test,  297 
Loads,  matching,  on  magic  tee,  346 
Locked-in  oscillator  for  tv  sound,  370 
Logarithmic  response  of  electronic  circuit,  286 
Loudspeaker,  electrical  analog  of,  118 
motional  feedback,  119 
testing,  264 

Low-distortion  a-m  signal  generator,  593 
Low-frequency  generator,  444 
Low-impedance  cathode  follower,  3,  4 
Low-impedance  video  amplifier,  11 
Low-noise  amplifier,  modified  Wallman,  28 
Low-pass  audio  filter,  118 

Low-pass  iterative  filters,  transference  nomographs 
for,  253 

Luxemburg  effect,  424 

M 

m-derived  delay-line  sections,  316 
m-derived  filter,  156 
Magic  tee,  matching  loads  on,  346 
Magnesium  alloy  delay  line,  461 
Magnetic-field  hum  reduction,  532 
Magnetic-field  transmitter,  142 
Magnetic  pickup  compensation.  111 
Magnetic  tape  speed  control,  144 
Magnetrons,  self-regulating  field  excitation  for,  341 
Map,  antenna  wind  loading,  U.  S.,  41 
Mast  wind  and  ice  loading,  41 
Master  antenna,  coupling  amplifier,  75 
Master  antenna  amplifier,  radio  receiver,  91 
Master  oscillator,  stabilized,  for  multichannel  com- 
munication, 376 
Match  test,  load,  297 
Matching  coax  to  antenna,  77 
Matching  loads  on  magic  tee,  346 
Matching  pads,  minimum-loss,  246 
Matching  stub,  coaxial,  551 
Matching-stub  chart,  546 
Maxwell  inductance  bridge,  279 
Measure  coupling  coefficient,  tuned  r-f  transformers, 
188 

Measurement,  a-c  millivolts,  290,  293 
antenna,  tv  receiving,  90 
atmospheric  noise,  426 
carrier  shift,  299 
carrier  voltage,  292 
crystal  frequency,  198 
dielectric  constant,  350 
direct  frequency,  301 
distortion,  122 
and  noise,  589 

frequency  (see  Frequency  measurements) 
high-frequency  voltage,  289 
high-resistance,  276 

microwave,  bolometer  amplifier  for,  296 
phase,  264.  269,  272,  274 
at  audio  and  ultrasonic  frequencies,  264 
for  picture  tubes,  149 
production-line  frequency,  302 
pulse  rise  and  decay  time,  449 
pulse  voltage,  453 
standing-wave  ratios,  344 
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transistors.  202 
tv  field  strength,  420 
tv  noise  figure,  520 
vector  relationships,  269 
voltage,  logarithmic,  286 
wavelength,  350 

Measurement  facilities,  improved  antenna  pattern, 
89 

Mechanical  feedback,  loudspeaker,  118 
Mechanical  uhf  wobbler,  330 
Meter-testing  power  supply,  401 
Meters,  a-c  voltage,  293,  294 
carrier-shift  check,  299 
distortion,  589 

frequency,  citizens  radio,  346 
high-frequency  voltage,  289 
logarithmic,  286 
phase,  264,  269,  272,  274 
r-f  power,  296 
vacuum-tube,  290 

Michelson  interferometer,  microwave,  350 
Microwave  band-pass  filters,  327 
Microwave  buzzer,  333 
Microwave  communication  system,  312 
Microwave  diffraction  charts,  418 
Microwave  duplexing,  320 
Microwave  field  intensity,  418 
Microwave  generator,  with  crystal  control,  336 
stabilization,  341 

Microwave  measurements,  bolometer  amplifier,  296 
Microwave  omnidirectional  antenna,  55 
Microwave  radar  antenna,  68 
Microwave  resonators,  343 
Microwave  signal  generator,  compact,  339 
Microwave  studio-transmitter  link,  325 
Microwave  traveling-wave  amplifier,  316 
Microwaves,  interferometer  for,  350 
multiplexing  klystrons,  320 
Miller-effect  modulator,  577 
Millimicrosecond  oscillography,  156 
Minimum-loss  matching  pads,  246 
Mismatched  lines,  efficiency  of,  554 
Mixer,  gain-doubling,  34 
gated-beam,  38 
grounded-grid  tv,  483 
Mixer  harmonic  chart,  518 
Mixing  amplifier,  video,  11 
Mobile  antenna,  disguised,  67 
flush-mounted,  64 

Mobile  f-m,  audio-input  limiter,  569 
Mobile  power  supply,  402 
Modifications,  Wien-bridge  network,  259 
Modified  Wallman  circuit  with  voltage  feedback,  28 
Modulation,  double  audio,  137 
ionospheric  cross,  424 
Modulators,  frequency,  576,  577 
klystron,  339 
Miller-effect,  577 

reactance,  extending  linear  range,  575 
reactance-tube,  125 
Monitor  amplifier,  video,  11 

Motional  feedback,  improving  loudspeaker  response, 
119 

Motor-driven  sweep  circuits,  524 
Multiar  circuit,  458 

Multichannel  communication,  stabilized  master  os- 
cillator, 376 

Multichannel  receiver,  crystal-controlled,  512 
Multifrequency  synchronizer,  456 
Multiple  outputs,  single-input  attenuators,  258 
Multiple  tv  antenna  coupler,  74 
Multiplex  pulse  discriminator,  441 
Multiplexing  klystrons,  320 
Multiplier,  Q,  29 

Multistation  intercom  system,  simplified,  127 
Multi-V  antenna  for  f-m  broadcasting,  60 
Multivibrator,  flip-flop,  133 
half-shot,  456 
low-frequency,  444 
single-shot,  180 
sixty-cycle,  308 
voltage-controlled,  383 
Multivibrator  tone  generator,  217 
Music,  audio  oscillator,  218 
electronic,  argument  for,  229 
for  four,  218 
gas-diode,  205 
tone  source,  233 

electronic  organ  isee  Electronic  organ) 
piano-organ  conversion,  217 
pipeless  organ,  212 
Solovox,  221 

Musical  instruments,  tone  source  for,  233 
Musical  theory,  229 


N 


Narrow-band  amplifier,  29 

Narrow-band  filter,  crystal,  260 

Negative  feedback,  combining  positive  and,  104 

Negative  feedback  amplifier,  5 

Neon-tube  electronic  organ,  205 

Network  design  charts,  244 

Network  modifications,  Wien-bridge,  259 

Network  tester,  radar  delay,  466 

Networks,  bridged-T,  9,  234 

crystal  pickup  compensation.  111 
four-terminal,  242 
impedance-mktching,  556 
parallel-T,  205 
R-C  and  R-L  equalizer,  250 
tone  control,  115 

Neutralization  of  pentode  amplifiers,  9 
Noise,  tv  tuner,  483 
vhf  tv  receiver,  483 
Noise  figure  chart,  480 
Noise  figures,  receiver,  412 
tv  receiver,  520 
tv  tuner,  494 

Noise-generating  circuit,  426 
Noise  generator  technique,  480 
Noise  level  nomograph,  110 
Noise  limiters,  receiver,  516 
Noise  measurement,  atmospheric,  426 
Noise  meter,  589 
Noise  nomograph,  receiver,  479 
Noise-reducing  antenna,  amplifier  for,  91 
Noise  suppressor,  background,  118 
dynamic,  filter  characteristics  for,  242 
Noise  test,  CAA,  516 

Nomographs,  cathode-follower,  bandwidth,  3 
cathode-follower  response,  4 
coil-winder,  191 
combining  audio  levels,  110 
coupling  factor,  238 
gain-bandwidth,  1 
i-f  coil,  182 
iron-core  reactor,  189 
Iterative  filters,  253 
matching  pad,  246 
microwave  diffraction,  418 
mismatched  lines,  554 
Q-meter  impedance,  276 
receiver  gain,  478 
receiver  noise,  479 
r-f  transmission-line,  540 
selectivity,  521 
standing-wave,  554 

temperature-compensating  capacitor,  195 

transference,  for  iterative  filters,  253 

transmission-line,  r-f,  5i0 

uhf  system,  412 

vhf  field  intensity.  407 

voltage  standing  wave  ratio,  554 


O 


Octave  divider  chain,  205 
Ohm’s  law  power-level  chart,  40 
Omnidirectional  antenna,  horizontally  polarized,  55 
Open-wire  line  for  f-m,  538 
Open-wire  line  impedance  nomographs,  540 
Optimum  coax  diameters,  548 
Optimum  conditions.  R-C  oscillator,  360 
Optimum  dimensions,  parasitic  arrays,  74 
Optimum  parameter,  voltage  regulators,  406 
Organ,  conversion  of  piano  to.  217 
electronic  (.see  Electronic  organ) 
pipeless,  212 
Solovox,  221 

Oscillating  thyratron  power  supply,  402 
Oscillator,  audio,  124,  299 
bandspread  resistance-tuned,  361 
beat-frequency,  124 
warbler  for,  125 
blocking,  430,  437 
bridge-stabilized,  389 
buzzer,  333 
Colpitts,  387 
uhf.  397 

complex  tone,  304 
constant-amplitude,  382 
crystal,  phase-modulated,  312,  352 
crystal-controlled  microwave,  336 
crystal-saving,  376 
f-m,  389,  392,  575 


four-note,  209 
frequency-deviation,  575 
frequency-dividing,  449 
locked-in,  for  tv  sound,  370 
low-frequency  variable,  444 
master,  stabilized,  376 
microwave  klystron,  339 
music,  205,  209.  217.  218,  221,  233 
phase-shift,  367 
pilot,  582 

radar  range  calibrator,  467 
R-C,  358,  360,  361 
wide-range,  358 

reflex,  stabilizing  frequency  of,  341 

series  sawtooth,  385 

square-wave  keying  of,  385 

stabilized,  multichannel  communication,  376 

transistor,  363 

transitron,  387 

tremolo,  209 

triode  crystal,  363 

tunable  a-f,  101 

twin,  388 

uhf  sweep-frequency,  330 
variable-frequency,  389 
wide-range  sweeping,  389 
Oscillator  design,  overtone  crystal,  352 
Oscillator  temperature-compensating  nomograph, 
195 

Oscillograms,  antenna  pattern,  83 
Oscillography,  millimicrosecond,  156 
Oscilloscope,  general-purpose  precision,  151 
Oscilloscope  sweep  circuit,  high-speed,  165 
Out  time,  reducing  transmitter,  587 
Overmodulation,  series,  588 
Overtone  crystal  oscillator  design,  352 
Owens  bridge,  279 


P 


Pad  design,  audio,  258 
Pads,  matching,  minimum-loss,  246 
Panoramic  sweep  circuits,  524 
Paraboloid  antennas,  attenuation  between,  70 
Parallel-T  network,  205 
Parasitic  arrays,  optimum  dimensions  for,  74 
Pattern  calculator  for  a-m,  81 
Pattern  generator,  television,  169,  180 
Pattern ‘measurement  facilities,  improved  antenna,  89 
Pattern  tracer,  antenna.  83 
Patterns,  calculating  antenna  radiation,  51 
photo  radiation,  80 
Pentode  amplifier  neutralization,  9 
Performance,  improving  program-limiter,  565 
of  uhf  and  shf  systems,  412 
Phase-to-amplitude  transmitter,  560 
Phase  angle  aids  to  cro  display,  162 
Phase-angle  measurement,  269 
Phase  comparator,  flip-flop,  264 
microwave,  350 

Phase  inverter,  direct-coupled,  108 
Phase  measurement,  audio  and  ultrasonic,  264,  269, 
272.  274 

Phase  meter,  272 
single-tube  audio,  274 
Phase-modulated  crystal  oscillator,  312 
Phase  relations,  transmission  line,  540 
Phase-shift  band-pass  filters,  234 
Phase  shift  charts,  network,  244 
Phase-shift  network,  Wien,  389 
Phase-shift  oscillators,  frequency  division  with,  367 
Phase  shifter,  audio,  101 
autosyn,  458 

Phase  splitter  incremental,  474 
Phasitron,  272 
in  S-T  link,  325 
Phono  pickup  placement,  114 
Phonograph  pickups,  high-fidelity.  111 
Photo  radiation  patterns,  80 
Photoelectric  speed  control,  magnetic  tape,  144 
Photography,  tv,  single-frame,  180 
Pi  network  design  charts.  244 
Piano  to  organ,  conversion  of,  217 
Pickup  placement,  114 
Pickups,  high-fidelity  phono.  111 
Picture  generator,  inexpensive,  169 
Picture-modulated  tv  signal  generator,  174 
Picture  tubes,  measurement,  149 
Pilot  oscillator,  carrier  communication,  582 
Pipeless  organ  design,  212 
Piston  attenuator,  333 
Placement,  pickup,  114 
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Plate-detection  vtvm,  290 
Plotter,  high-frequency  impedance,  344 
Polarization,  radar  antenna,  68 
Polarized  ompidirectional  antenna,  55 
Positive  feedback,  29 
and  negative  feedback,  combining,  104 
Power  handling,  waveguides,  559 
Power-level  computations,  graphical,  40 
Power-line  carrier  voltmeter,  292 
Power  supply,  filament,  404 
synchronous  clock,  308 
thyratron,  402 

Power  supply  arc-back  indicator,  400 
Power  supply  filter  chart,  255 
Power  tubes  in  parallel  at  uhf,  344 
Ppi  radar  range  calibrator,  467 
Precision  oscilloscope,  general-purpose,  151 
Precision  VR  tube  tester,  201 
Predicting  performance,  uhf,  412 
Probe,  crystal,  289 

Production-line  frequency  measurements,  302 
Program-limiter  performance,  565 
Prompting  system,  inductive,  142 
Propagation,  uhf,  409 
vhf,  407 

Pulse  amplifier,  430 

Pulse  delay,  radar,  458 

Pulse  discriminator,  multiplex,  441 

Pulse  fronts,  steepness  of,  451 

Pulse  generator,  radar  test,  471 

Pulse  inverter,  alternate,  456 

Pulse  keying  of  oscillators,  285 

Pulse-length  generator,  variable,  430 

Pulse  rise  and  decay  time  measurement,  449 

Pulse  separator,  vertical  sync,  437 

Pulse-sinewave  converter,  454 

Pulse  stretcher,  improved,  446 

Pulse-width  discriminator,  441 

Pulses,  voltmeter  for,  453 


9 

Q-meter  impedance  charts,  276 
Q multiplier,  simplified,  29 
Q ratio,  coaxial  line,  548 


R 


Radar  antenna,  microwave,  68 
Radar  delay  network  tester,  466 
Radar  range  calibrator,  467 
Radar  range  simulator,  474 
Radar  ranging,  variable  pulse  delay  for,  458 
Radar  test  generator,  471 
Radiation  pattern  calculator,  81 
Radiation  pattern  tracer,  cathode-ray,  83 
Radiation  patterns,  calculating,  51,  81 
photo,  80 

Radio  tuning,  remote  control  for,  531 

Radio  wavemeter,  citizens,  346 

Rain,  absorption  by,  412 

Range,  linear,  of  reactance  modulators,  575 

Range  calibrator,  radar,  467 

Range  ring  pulses,  radar,  467 

Range  simulator,  radar,  474 

Ranging,  radar,  variable  pulse  delay  for,  458 

Ratio  detector  analysis,  f-m,  504 

R-C  all-pass  filter,  445 

R-C  equalizer  chart,  249 

R-C  low-pass  iterative  fiiters,  253 

R-C  oscillator,  358,  360,  361 

R-C  and  R-L  equalizer  networks,  transfer  functions 
for,  250 

R-C  tone  control,  115 
R-C  tuning,  tone  generator,  124 
Reactance,  high-Q  variable,  392 
transmission  line,  540 
Reactance  modulators,  575 
Reactance-tube  modulator,  125 
Reactor  design,  iron-core,  188 
Receiver,  airways  vhf  communications,  516 
carrier-frequency  voltage  measurement,  292 
communications  (see  Communications  receiver) 
crystal-controlled,  481,  512 
f-m,  design  problems,  504 
remote  pickup  broadcast,  481 
servomotor-controlled,  512 
television  booster,  10 
Receiver  gain  nomograph,  478 
Receiver  hum  reduction,  532 


Receiver  interference,  internal  television,  500 
Receiver  noise  nomograph,  479 
Receiver  signal-noise  evaluation,  television,-  520 
Receiver  transient  analysis,  television,  497 
Receiver  tuning,  remote,  531 
Receiving  antenna,  master,  amplifier  for,  91 
Receiving  antenna  measurements,  tv,  90 
Record  surface  noise  suppressor,  118 
Recording  bridge  circuit,  426 
Rectifier  arc-back  indicator,  400 
Rectifier  filter  chart,  255 
Reduction,  of  hum,  532 
of  standing  waves,  553 
of  transmitter  out  time,  587 
Reed  organ,  electronic,  design  for,  224 
Reflection  coefficient  chart,  558 
Reflector,  beam  antenna,  73 
Reflex  oscillators,  stabilizing  frequency  of,  341 
Regeneration  in  f-m  receiver,  504 
Regenerative  cathode-coupled  clipper,  430 
Regenerative  frequency  divider,  376 
Regenerative  multivibrator,  383 
Reguiated  power  supply,  401 
Regulated  voltage  divider,  405 
Regulation,  gas  tube,  406 
Regulator  tube  tester,  199,  201 
Regulators,  filament  voltage,  404 

gas  tube  voltage,  optimum  parameter  for,  406 
Rejection  beam,  infinite,  73 
Rejection  network,  audio,  101 
Rejection  stub,  coaxial,  551 
Rejector,  beam  antenna,  73 
Relationships,  vector,  measuring,  269 
Relaxation  oscillator,  series,  385 
Relay  transmitter,  receiver  for,  481 
Reluctance  pickup  compensation,  1 1 1 
Remote  control  for  radio  tuning,  53 1 
Remote  pickup  broadcast  receiver,  481 
Remote  tuner,  television,  496 
Resistance,  high,  measurement,  278 
Resistance  bridge,  automatic,  279 
Resistance-coupled  amplifier  bandwidth,  6 
Resistance-tuned  oscillators,  bandspreading,  361 
Resistor  behavior  at  high  frequencies,  194 
Resonant  cavities,  klystron,  320 
Resonant-cavity  wobbler,  330 
Resonators,  concentric-line,  397 
wide-range,  for  vhf  and  uhf,  343 
Response,  cathode-follower,  4 
loudspeaker,  119 
phonograph  pickups.  111 
Response  curves,  absorption  traps,  238 
Restorer,  double-ended  d-c,  476 
R-f  amplifier,  vhf  television,  483 
R-f  inductors,  188 
R-f  meter,  crystal,  289 
power,  296 

R-f  transformer  design,  190 

R-f  transformers,  tuned,  188 

R-f  transmission-line  nomographs,  540 

R-f  wattmeter,  direct-reading,  296 

Ripple  filter  chart,  255 

Rise  time,  pulse,  449,  451 

R-L  and  R-C  equalizer  networks,  transfer  functions 
for,  250 


S 


Sawtooth  generators,  430 
musical,  205 
time  delay,  458 
Sawtooth  oscillator,  218 
series,  385 
Scales,  musical,  229 
Search  radar  antenna,  68 
Selective  amplifier,  29,  445 
audio,  101 

Selectivity,  crystal  filter,  260 
Selectivity  calculations,  521 
Self-balancing  bridge,  279 
Self-regulating  field,  magnetrons,  341 
Sensitive  a-c  vtvm,  294 
Separator  analysis,  sync,  433 
Series  overmodulation,  588 
Series-parallel  transformer,  wideband,  190 
Series  sawtooth  oscillator,  385 
Servomotor-controlled  receiver,  512 
Servo-tuned  receiver,  531 
Shf  and  uhf  system  performance,  412 
Shielding  techniques,  hum  reduction,  532 
Signal,  busy,  voice-operated,  136 
Signal  generator,  bandspread,  361 


citizens  band,  397 
low-distortion  a-m,  593 
microwave,  333,  336,  339 
picture-modulated,  174 
square-wave,  365 

Signal-noise  evaluation,  tv  receiver,  520 
Signal  strength  analyzer,  305 
Simple  deviation  limiter,  570 
Simplified  intercarrier  sound,  97 
Simplified  multistation  intercom,  127 
Simplified  Q multiplier,  29 
Simulator,  radar  range,  474 
Sine  and  square-wave  generator,  445 
Sine-wave  converter,  pulse,  454 
Sine-wave  generator,  444 
Single  antenna  for  radar  systems,  68 
Single-frame  tv  photography,  180 
Single-input  attenuators,  258 
Single-tube  audio  phasemeter,  274 
Single-tuned  amplifier,  1 
Siideback  vtvm,  290 
Slope  limiter,  570 
Slot  antenna,  annular,  64 
Slotted  line,  344 
Smith  chart,  556 
graph  for,  558 
modification,  247 
Solovox  principles,  221 
Sound,  intercarrier,  simplified,  97 
tv,  locked-in  oscillator,  370 
Sound  levels,  combining,  110 
Sound  traps,  television,  238 
Space-mark  measurement,  299 
Speaker  (.see  Loudspeaker) 

Spectrum  anaiyzer,  panoramic,  524 
Speech  inverter  system,  improved,  137 
Speed  control,  broadcast  tape,  144 
Spiral  antenna,  56 
Splitter,  incremental  phase,  474 
Spurious  mixer  frequencies,  518 
Square-law  vtvm,  290 
Square-wave  clipper,  497 
Square-wave  generator,  264,  365,  445 
Square-wave  keying  of  oscillators,  385 
Stabilized  master  oscillator  for  multichannel  com- 
munication, 376 

Stabilizing  frequency  of  reflex  oscillators,  341 
Stabilizing  gain,  109 
Stable  electronic  voltage  regulator,  403 
Stagger-peaked  video  amplifiers,  24 
Stagger-tuned  bifilar  coils,  183 
Stagger-tuned  i-f  design,  27 
Standing-wave  nomographs,  554 
Standing-wave  ratio,  transmission  lines,  540 
Standing-wave  ratio  chart,  558 
Standing-wave  ratio  measurement,  344 
Standing  waves,  reducing,  553 
Steepness  of  pulse  fronts,  451 
Strength  analyzer,  signal,  305 
Stretcher,  improved  pulse,  446 
Structural  loading,  antenna  tower,  41 
Stub  antenna,  64 
Stub  filter,  coaxial,  551 
Studio  prompting  system,  inductive,  142 
Studio-transmitter  link,  325 
Studios,  broadcast,  accurate  time  for,  308 
Subcarrier  telemetering  discriminator,  441 
Suppression,  hum,  532 
Suppressor,  background  noise,  118 
Surveys,  tv  field,  420 
Sweep  circuits,  circular,  272 
fast,  165 
panoramic,  524 

Sweep-frequency  oscillator,  uhf,  330 
Sweep  generation,  linear,  168 
Sweeping  oscillator,  wide-range,  389 
Switching,  voice-operated,  578 
Sync  clipper,  433 
Sync-separator  analysis,  433 
Synchronization,  oscilloscope,  151 
Synchronizer,  multifrequency,  456 
Synchronizing  system,  improved  vertical,  437 
Synthesis,  antenna  pattern,  80 


T 


T-bridge  filter,  589 
T network  design  charts,  244 
T pad  attenuator  design,  258 
Table,  paraboloid  antenna  attenuation,  70 
Tape  speed  control,  broadcast,  144 
Technique  for  tv  field  surveys,  420 
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Tee,  magic,  346 
Telegraph  signal  restorer,  477 
Telemetering  channel  decoder,  441 
Telemetering  communication  system,  312 
Telephone  voice-operated  busy  signal,  136 
Television,  bifilar  i-1  coils,  183 
crosshatch  generator,  180 
front-end  design,  483,  494 
i-f  coil  design,  182 
intercarrier  sound,  97 
locked-in  oscillator,  370 
remote  tuner,  496 
sync-separator  analysis,  433 
vertical  sync  system,  437 
Television  amplifier,  antenna  coupling,  75 
tuner,  483 

Television  antenna  coupler,  multiple,  74 
Television  antennas,  horn,  71 
receiving,  measurements  of,  90 
Television  booster,  10 
Television  field  strength  measurement,  420 
Television  field  surveys,  420 
Television  mixer,  grounded-grid,  483 
Television  oscilloscope,  151 
Television  photography,  single-frame,  180 
Television  picture  generator,  169 
Television  receiver,  interference,  internal,  500 
signal-noise  evaluation,  520 
transient  analysis,  497 

Television  signal  generator,  picture-modulated,  174 
Television  sound,  locked-in  oscillator  for,  370 
Temperature-coefficient  capacitor,  adjustable,  197 
Temperature-compensating  capacitor  nomograph, 

195 

Tempered  scale,  music,  229 
Test,  load  match,  297 
Test  generator,  radar,  471 
Test  oscillator,  kilomegacycle  buzzer,  333 
Test  pattern  generator,  169 
Tester,  radar  delay  network,  466 
VR  tube,  199 
precision,  201 
Testing  transistors,  202 
Theory,  musical,  229 
Thermistor-stabilized  oscillator,  389 
Thermistor  wattmeter,  296 
Thyratron,  vibrator  replaced  by,  402 
Thyratron  arc-back  indicator,  400 
Time,  for  broadcast  studios,  308 
transmitter  out,  reducing,  587 
Time  measurement,  pulse  rise  and  decay,  449 
Time  totalizer,  signal  strength,  305 
Tone  arm  placement,  114 
Tone  color  filters,  205 
Tone  control,  versatile,  115 
Tone  generator,  beat-frequency,  124 
for  deviation  tests,  304 

Tone  source  for  tuning  musical  instruments,  233 
Tone  wheel  design,  212 
Totalizer,  signal  strength  duration,  305 
Towers,  antenna,  selection  of,  41 
Tracking  error,  pickup,  114 
Transfer  functions,  equalizer,  250 
Transference  nomographs,  iterative  filters,  253 
Transformer  design,  wideband  series-parallel,  190 
Transformers,  antenna  impedance-matching,  76 
coaxial  line  matching,  190 
i-f,  form  factors,  187 
tuned  r-f,  coupling  coefficient,  188 
Transient  analysis,  television  receiver,  497 
Transients,  oscillography  of,  156 
Transistor  frequency-modulator  circuit,  571 
Transistor  oscillator,  363 
Transistors,  testing,  202 

Transit-time  effects  in  television  front-end  design, 
494 

Transitrol  tube  oscillator,  -387 
Transitron  oscillator,  387 
Transmission  coefficient  chart,  558 
Transmission  line,  coaxial-stub  filter,  551 
open-wire,  538 

Transmission  line  diameters,  coaxial,  548 
Transmission-line  chart,  high-frequency,  546 
Transmission-line  nomographs,  r-f,  540 
Transmitter  arc-back  indicator,  400 
Transmitter  audio  limiter,  f-m,  569 
Transmitter  carrier  failure  alarm,  586 


Transmitter  delay  limiter,  a-m,  565 
Transmitter  deviation  control,  f-m,  563 
Transmitter  deviation  limiter,  570 
Transmitter  dummy  antennas,  92 
Transmitter  link,  studio,  325 
Transmitter  Miller-effect  modulator,  577 
Transmitter  out  time,  reducing,  587 
Transmitter  starter,  emergency,  587 
Transmitters,  crystal-controlled  microwave,  312 
five-kw  phase-to-amplitude,  560 
inductive,  142 
magnetic-field,  142 
multi  frequency  crystal,  376 
Traps,  absorption,  design  of,  238 
Traveling-wave  chain  amplifier,  316 
Treble  tone  control,  115 
Tremolo  oscillator,  209 
Triode  crystal  oscillator,  363 
Triodes,  crystal,  testing,  202 
Tube  heaters,  stabilizing,  404 
Tube  tester,  VR,  199 
precision,  201 

Tubes,  blower  selection  for,  596 
gated-beam,  97,  365 
hum  reduction  in,  532 
picture,  measurement,  149 
power,  in  parallel  at  uhf,  344 
voltage  regulators,  gas,  406 
VR,  tester  for,  199,  201 
Tunable  a-f  amplifier,  101 
Tunable  multi-V  antenna,  60 
Tuned  circuits,  selectivity,  521 
Tuned  r-f  transformers  coupling  coefficient,  188 
Tuner,  television,  483 
design  of,  494 
remote,  496 

Tuning,  of  musical  instruments,  tone  source  for,  233 
radio,  remote  control  for,  531 
R-C,  beat-frequency  tone  generator,  124 
Tuning-fork  frequency  standard,  308 
Tuning  systems  employing  feedback  amplifiers,  8 
Turnstile  antennas,  feeding,  76 
Tv  (.see  Television) 

Twin  oscillator,  388 


U 


Uhf  antennas,  flush-mounted.  64 
helical,  56 
horn,  71 

omnidirectional,  55 
performance  of,  412 
Uhf  communications  system,  312 
and  shf  system,  performance,  412 
Uhf  field  intensities,  calculating,  409 
Uhf  free-space  propagation,'  412 
Uhf  oscillator,  Colpitts,  397 
Uhf  sweep-frequency,  330 
Uhf  power  tubes  in  parallel,  344 
Uhf  resonators  and  vhf  resonators,  343 
Ultrasonic  delay  lines,  improved,  461 
Ultrasonic  phase  measurement,  264 
Universal  coil-winder  nomograph,  191 
Universal  equalizer  chart,  247 
Utility  video  amplifier,  11 


V 


Vacuum-capacitor  voltage  dividers,  295 
Vacuum-tube  voltmeter,  278 
a-c  millivolt,  293,  294 
logarithmic,  286 
pulse,  453 

Vacuum-tube  voltmeter  circuits,  290 
Variable-frequency  audio  oscillator,  389 
Variable  low-frequency  oscillator,  444 
Variable  pulse  delay  for  radar  ranging,  458 
Variable  pulse-length  generator,  430 
Variable  reactance,  high-Q,  392 
Vector  relationships,  measuring,  269 
Versatile  power  supply,  401 


Versatile  tone  control,  115 
Vertical  radiator,  47 

Vertical  synchronizing  system,  improved,  437 
Vhf  antennas,  dummy,  92 
flush-mounted,  64 
horn,  71 

transmitting,  multi-V,  60 
Vhf  communications  receiver,  airways,  516 
Vhf  field  intensities,  407 
Vhf  fixed-tuned  booster,  10 
Vhf  television  amplifier,  483 
Vhf  and  uhf  wide-range  resonators,  343 
Vibrato  oscillator,  205,  217 
Video  amplifier,  11 

cathode-compensated,  14 
stagger-peaked,  24 
Video  detector,  harmonics  from,  500 
Video  generator,  169,  174 
Video  i-f  traps,  238 

Voice-controlled  intercom  system,  131,  133 
Voice-operated  busy  signal,  136 
Voice-operated  switching  of  carrier  systems,  578 
Voice  simulator  for  deviation  tests,  304 
Voltage-controlled  multivibrator,  383 
Voltage  dividers,  regulated,  405 
vacuum-capacitor,  295 

Voltage  feedback  in  modified  Wallman  circuit,  28 
Voltage  gradient,  transmission  line,  540 
Voltage  regulator  tube  tester,  199,  201 
Voltage  regulators,  filament,  404 

gas  tube,  optimum  parameter  for,  406 
Voltage  standing  wave  ratio,  chart,  558 
lines,  540 
nomographs,  554 

Voltages,  complex,  measurement  of,  269 
Voltmeter,  a-c,  for  built-in  instrumentation,  293 
carrier-frequency,  292 
crystal,  high-frequency,  289 
for  pulses,  453 

Voltmeter  circuits,  vacuum-tube,  290 
VR  tube  tester,  199,  201 
Vswr,  chart,  558 
nomographs,  554 
reduction,  553 
transmission  line,  540 
Vtvm,  a-c,  millivolt,  290,  293 
sensitive,  294 
battery-operated,  294 
circuits,  290 
d-b  scale,  286 
logarithmic,  286 
pulse,  453 

resistance-measuring,  278 


W 

Wallman  circuit,  modified,  28 
Warbler  for  beat-frequency  oscillator,  125 
Wattmeter,  r-f,  direct-reading,  296 
Wave  interference  patterns,  synthesized,  80 
Waveguide,  attenuation  in,  327,  559 
magic  tee,  346 

Waveguide  band-pass  filters,  corrugated,  327 
Waveguide  ring  network,  320 
Wavelength  measurement,  microwave,  350 
Wavemeter,  citizens  radio,  346 
Waves,  standing  (see  Standing  waves) 

Wide-band  amplifier,  3,  4,  6,  10,  11,  14,  24,  27,  28, 
75 

Wide-band  oscilloscope,  151 

Wide-band  series-parallel  transformer  design,  190 

Wide-range  R-C  oscillator,  358 

Wide-range  resonators  for  vhf  and  uhf,  343 

Wide-range  sweeping  oscillator,  389 

Wien  bridge  for  distortion  measurement,  122 

Wien-bridge  network  modifications,  259 

Wien  phase-shift  network,  389 

Williamson  audio  amplifier,  94 

Wind  loading,  antenna,  41 

Winder  nomograph,  coils,  191 

Wobble  organ,  218 

Wobbler,  uhf,  330 

WWV,  clock  correction,  308 

WWV  frequency  comparison,  302 


